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Abstract 

This  final  technical  report  coven  the  period  from  January  1, 1979  to  June  30,  1984  for 
DARPA  Contract  MDA  903-79-C-0201.  The  main  purpose  of  this  research  was  to  study 
Real-Time  Communication  Systems;  i.e.,  communications  systems  destined  to  support  ap¬ 
plications  with  real-time  constraints.  The  research  effort  included  design  and  performance 
evaluation  of  architectures  and  protocols  for  real-time  communication  systems,  and  in 
some  instances  such  as  implementation  and  experimental  evaluation.  The  research  tasks 
undertaken  during  the  contract  period  and  the  corresponding  accomplishments  are: 

Tksk  A.  Real-Time  Protocol  Performance  Analysis 

Accomplishments  under  this  task  are: 

a)  A  tutorial  on  multiaccess  protocols  in  packet  communication  systems. 

b)  Analysis  of  Carrier  Sense  Multiple  Access  with  Collision  Detection  (CSMA-CD). 

c)  Design  and  Analysis  of  Message-Based  Priority  Functions  in  Multiaccess  Com¬ 
munications  Systems  in  general,  and  CSMA  in  particular. 

d)  Derivation  of  the  distribution  of  Packet  Delay  and  Packet  Interdeparture  Times 
in  Slotted  ALOHA  and  CSMA  Schemes. 

e)  Investigation  of  the  Performance  of  CSMA  Local  Networks  When  Supporting 
Voice  Applications. 

Tuk  B.  Design  and  Analysis  of  Local  Networks  Suitable  for  Real-Time  Applications 

Accomplishments  under  this  task  are: 

a)  Design  of  a  Round-Robin  Scheme  for  Unidirectional  Broadcast  System  Architec¬ 
ture. 

b)  Conceptual  Design  and  Analysis  of  EXPRESSNET,  a  High-Performance  Integra¬ 
ted-Services  Local  Area  Network. 

c)  Analysis  of  Round-Robin  Schemes  in  Unidirectional  Broadcast  Local  Area  Net¬ 
works. 


d)  A  tutorial  on  Scheduling* Delay  Multiple  Access  Schemes  for  Broadcast  Local  Area 
Networks 

Ifcsk  C.  Performance  Evaluation  of  Multihop  Packet  Radio  Networks 
Accomplishments  in  this  task  are: 

a)  Analysis  of  Two-Hop  Centralised  Packet  Radio  Networks,  Under  Slotted  ALOHA 
and  CSMA  Access  Schemes 

b)  Throughput  Analysis  of  Multihop  Packet  Radio  Networks  Under  Various  Channel 
Access  Schemes 

c)  Theoretical  Results  in  the  Throughput  Analysis  of  Multihop  Packet  Radio  Net¬ 
works 

d)  Simulation  of  Multihop  Packet  Radio  Networks 

Tuk  D.  Multinetwork  Environments 

a)  Performance  of  Gateway- to* Gateway  and  End-to-End  Flow  Control  Procedures 
in  Internet  Environments 

Tuk  E.  Architectural  Design  and  VLSI  Implementation  of  Local  Area  Networks 

Initiation  of  an  effort  aimed  at  combining  VLSI  technology  and  the  Expressnet 
concept  to  support  a  multitude  of  local  communications  applications  requiring 
high  speed  networking. 

The  research  performed  during  this  period  has  been  reported  upon  in  our  Semi-Annual 
Technical  Reports,  in  our  Stanford  Electronics  Laboratories  Technical  Reports,  and  in  the 
published  professional  literature.  This  report  includes  appendices  which  contain  reprints 
of  the  related  articles  which  have  been  published  in  the  professional  literature. 
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I.  Introduction 


This  final  report  covers  the  period  from  January  1,  1979  to  June  30,  1984  for  DARPA 
Contract  number  MDA  903-79-C-0201.  The  research  performed  during  this  period  has 
been  reported  upon  in  our  Semi-Annual  Technical  Reports,  in  our  Stanford  Electronics 
Laboratories  Technical  Reports,  and  in  the  published  professional  literature.  Accordingly, 
this  final  report  consists  of  a  brief  section  describing  the  scope  of  research  and  its  underly¬ 
ing  tasks,  a  section  summarising  the  accomplishments  attained  during  the  contract  period, 
a  section  listing  all  publications  which  appeared  under  this  contract,  and  appendices  which 
contain  reprints  of  the  related  articles  which  have  been  published  in  the  professional  liter¬ 
ature. 

II.  Scope  of  Research  and  Underlying  Tasks 

The  main  purpose  of  this  research  was  to  study  Real-Time  Communication  Systems; 
i.e.,  communications  systems  destined  to  support  applications  with  real-time  constraints. 
Examples  of  such  applications  are:  digitized  speech,  video  sensor  and  tracking  systems, 
seismic  data,  weather  report,  fire  control,  etc. 

The  systems  considered  in  our  studies  are  mainly  of  the  packet-switched  type.  There 
are  several  reasons  for  such  a  choice.  First,  a  number  of  successful  experiments  have  shown 
that  packet-switching  technology  is  feasible  under  real-time  constraints;  in  particular,  ref¬ 
erence  is  made  here  to  the  real-time  speech  experiments  on  the  ARPANET,  SATNET  and 
PRNET.  Second,  packet  switching  has  the  ability  to  provide  mixed  communication  services 
for  real-time  data  and  computer-to-computer  traffic  and  to  dynamically  adapt  itself  to  the 
changing  requirements  of  each  mode,  thus  achieving  efficient  use  of  spectral  resources. 
Third,  encryption  is  readily  feasible  in  packet-switched  digital  systems,  and  thus  renders 
these  systems  advantageous,  particularly  when  we  are  concerned  with  (military)  speech. 

Although  the  ultimate  objective  of  all  types  of  communication  networks  is  usually  the 
efficient  and  reliable  transport  of  data,  there  are  advantages  in  using  one  type  over  the  other 
depending  on  the  application  and  the  environment.  For  example,  some  advantages  in  using 
broadcast  ground  radio  communications  are:  collection  and  dissemination  of  data  over 
distributed  geographical  areas  independent  of  the  availability  of  preexisting  (telephone) 
wire  networks;  the  suitability  of  wireless  connections  for  communication  with  and  among 
mobile  users,  etc.  Satellite-radio  communications,  on  the  other  hand,  are  best  suited  to 
long-haul  communication  among  distant  sites.  Networks  of  the  ETHERNET-type  are 
suitable  for  local,  in-building  communications. 

The  support  of  most  real-time  applications  will  involve  the  interconnection  of  several 
packet-switched  networks,  often  of  different  types.  Indeed,  these  various  types  have  been 
conceived  to  complement  each  other  and  support  given  applications  in  geographical  envi¬ 
ronments  of  different  characteristics;  it  is  very  typical  that  DoD  communication  needs  are 
among  geographically  dispersed  tactical  and  strategic  forces  and  thus  naturally  span  over 
geographical  settings  of  different  characteristics.  An  example  here  is  digitized  speech  in 
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naval  tactical  and  strategic  operations  where  a  network  could  provide  (local)  ship-to-ship 
and  ship-to-shore  communication,  and  finally  an  ARPANET-like  network  could  provide 
communication  between  satellite  ground  stations  and  various  DoD  headquarters. 

The  basic  distinction  between  real-time  data  and  regular  computer-to-computer  traffic 
are  the  following  requirements  and  properties. 

a.  With  real-time  applications,  a  small  network  delay  is  required:  indeed,  with  sen¬ 
sors  old  data  is  obsolete;  with  digitized  speech,  the  feasibility  of  real-time  in¬ 
teractive  communication  is  only  possible  if  small  response  time  can  be  achieved; 
small  response  time  also  allows  speech  to  be  “played"  out  without  breaking  up; 
and  finally,  it  allows  buffering  in  view  of  smoothing  the  flow  and  playing  back 
continuously  without  introducing  too  large  a  total  delay. 

b.  With  real-time  applications,  timing  information  is  an  integral  part  of  each  mes¬ 
sage. 

c.  With  real-time  applications,  the  information  transmitted  often  is  redundant  (as, 
for  example,  in  target  tracking  systems  with  multiple  sensors,  weather  data  col¬ 
lection  systems  and  seismic  data  collection  systems,  etc.) 

d.  With  real-time  applications,  a  low  level  of  information  loss  is  often  tolerable. 

e.  The  input  traffic  pattern  in  real-time  applications  is  different  from  computer-to- 
computer  traffic  and  interactive  traffic,  and  may  not  always  be  approximated  by 
Poisson  processes. 

Given  these  observations,  it  is  all  too  evident  that  the  characteristics  and  requirements 
of  real-time  traffic  are  very  different  from  those  of  conventional  computer-to-computer  traf¬ 
fic.  The  purpose  of  our  research  has  been  first  to  evaluate  the  performance  and  asses  the 
behavior  of  existing  transmission  protocols  with  real-time  constraints  in  packet-switched 
internetwork  environments.  Such  studies  are  important  in  order  (i)  to  determine  the  condi¬ 
tions  under  which  the  real-time  constraints  are  satisfied  and  (ii)  to  provide  initial  guidance 
in  the  design  and  implementation  of  real-time  transmission  protocols.  Another  major 
purpose  has  been  to  conceive  new  architectures  and  protocols  particularly  suitable  for 
real-time  communication  systems,  and  in  some  instances  such  as  Expressnet,  to  undertake 
implementation  and  experimental  evaluation. 

The  research  tasks  undertaken  during  the  contract  period  are: 

Tuk  A.  Real-lime  Protocol  Performance  Analysis 

Analytical  evaluation  of  network  protocols  under  real-time  constraints;  der¬ 
ivation  of  packet  delay  distributions  in  various  network  configurations  and 
for  various  transmission  protocols;  the  handling  of  traffic  with  special  char¬ 
acteristics  such  as  those  encountered  with  voice  applications;  and  the  inves¬ 
tigation  of  priority  functions  in  multiaccess  protocols. 

Ihsk  B.  Design  and  Analysis  of  Local  Networks  Suitable  for  Real-lime  Applications 

Studies  into  efficient  conflict-free  round-robin  schemes,  for  local  networks 
and  their  suitability  to  real-time  applications. 
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Talk  C.  Performance  Evaluation  of  Multihop  Packet  Radio  Network* 

Analytical  modeling  and  simulation  of  multihop  packet  radio  networks  op¬ 
erating  under  various  channel  access  schemes. 

Task  D.  Multinetwork  Environments 

Multinetwork  description  methodology;  simple  characterization  of  single 
networks  in  view  of  integrating  such  characterization  in  multinetwork  mod¬ 
els;  study  of  internetwork  protocol  performance  with  respect  to  real-time 
constraints. 

Task  E.  Architectural  Design  and  VLSI  Implementation  of  Local  Area  Networks 

Design  of  an  interface  of  Express-Net  operating  under  the  Express  Access 
Protocol,  and  supporting  a  multitude  of  applications  with  different  require¬ 
ments;  VLSI  implementation  of  such  interfaces  and  functions. 

m.  Summary  of  Accomplishments 

Considerable  progress  has  been  made  under  each  task.  In  this  section  we  summarize 
these  accomplishments  grouped  by  task. 

Tuk  A.  Real-Time  Protocol  Performance  Analysis 
Accomplishments  under  this  task  are: 

a)  A  tutorial  on  multiaccess  protocols  in  packet  communication  systems. 

b)  Analysis  of  Carrier  Sense  Multiple  Access  with  Collision  Detection  (CSMA-CD). 

c)  Design  and  analysis  of  message-based  priority  functions  in  multiaccess  communi¬ 
cations  systems  in  general,  and  CSMA  in  particular. 

d)  Derivation  of  the  distribution  of  packet  delay  and  packet  interdeparture  times  in 
slotted  ALOHA  and  CSMA  schemes. 

e)  Investigation  of  the  performance  of  CSMA  local  networks  when  supporting  voice 
applications. 

s)  A  Tutorial  on  multiaccess  protocols  in  packet  communications  systems: 

The  need  for  multiaccess  protocols  arises  whenever  a  resource  is  shared  by  many  in¬ 
dependent  contending  users.  Two  major  factors  contribute  to  such  a  situation:  the  need 
to  share  expensive  resources  in  order  to  achieve  their  efficient  utilisation ,  or  the  need  to 
provide  a  high  degree  of  connectivity  for  communication  among  independent  subscribers 
(or  both).  In  data  transmission  systems,  the  communication  bandwidth  is  often  the  prime 
resource,  and  it  is  with  respect  to  this  resource  that  we  view  multiaccess  protocols.  In 
this  tutorial,  we  gave  a  unified  presentation  of  the  various  multiaccess  techniques  which  we 
group  into  five  categories:  1)  fixed  assignment  techniques,  2)  random  access  techniques, 
3)  centrally  controlled  demand  assignment  techniques,  4)  demand  assignment  techniques 
with  distributed  control,  and  5)  mixed  strategies.  We  discussed  their  applicability  to  dif¬ 
ferent  environments,  namely,  satellite  channels,  local  area  communication  networks  and 


multihop  store- and-forward  broadcast  networks,  and  their  applicability  to  different  types 
of  data  traffic,  namely  stream  traffic  and  bursty  traffic.  We  also  presented  the  performance 
of  many  of  the  multiaccess  protocob  in  terms  of  bandwidth  utilization  and  message  delay. 
Thb  paper  appeared  as  an  invited  paper  in  the  IEEE  Transactions  on  Communications , 
Special  Issue  on  Computer  Network  Architecture  and  Protocols,  April  1980  (see  Appendix 

I). 

b)  Performance  Analysis  of  CSMA-CD 

Packet  broadcasting  in  computer  communication  b  attractive  in  that  it  combines  the 
advantages  of  both  packet-switching  and  broadcast  communication.  All  stations  share  a 
common  channel  which  b  multi-accessed  in  some  random  fashion.  Among  the  various 
random  access  schemes  known,  carrier  sense  multiple  access  (CSMA)  has  been  shown 
to  be  highly  efficient  for  environments  with  relatively  short  propagation  delay.  Packet 
broadcasting  (and  in  particular  CSMA)  has  been  successfully  applied  to  coaxial  cables 
thus  providing  an  efficient  means  for  communication  in  local  environments.  In  addition  in 
such  environments  the  possibility  of  detecting  collbions  on  the  coaxial  cable  enhances  the 
performance  of  CSMA  by  aborting  conflicting  transmissions,  thus  giving  rise  to  the  carrier 
sense  multiple  access  schemes  with  collbion  detection  (CSMA-CD). 

We  extended  the  modeb  used  in  the  analysb  of  CSMA  to  cover  the  cases  of  collbion 
detection  and  variable  size  packets.  It  was  shown  that  the  throughput-delay  characteristics 
of  CSMA-CD  are  better  than  the  already  highly  efficient  CSMA  scheme.  We  characterized 
the  improvement  in  terms  of  the  achievable  channel  capacity  and  of  the  packet  delay  at 
a  given  channel  utilization  as  a  function  of  the  collbion  detection  time.  Furthermore,  we 
estabibhed  the  fact  that  in  uncontrolled  channeb,  (i.e.,  with  a  fixed  average  retransmission 
delay),  CSMA-CD  b  more  stable  than  CSMA,  in  that  with  CSMA-CD  both  channel 
capacity  and  packet  delay  are  less  sensitive  to  variations  in  the  average  retransmission 
delay. 

We  then  studied  the  performance  of  the  scheme  in  presence  of  variable  size  packets. 
Numerical  results  have  been  obtained  for  the  interesting  case  of  dual  packet  size.  It  was 
shown  that  a  small  fraction  of  long  packets  b  sufficient  to  recover  a  channel  capacity 
close  to  the  (higher)  capacity  achieved  with  only  long  packets.  However,  the  improvement 
experienced  by  the  introduction  of  long  packets  b  in  favor  of  the  latter  and  to  the  detriment 
of  the  short  packets,  establbhing  the  necessity  to  design  and  implement  priority  schemes. 

Thb  analysb  constituted  a  prelude  to  the  analysb  of  priority  schemes  in  systems 
employing  CSMA-CD;  these  priority  schemes  are  of  particular  importance  when  traffic 
includes  data  with  real-time  constraints.  A  paper  entitled,  "Performance  Analysis  of 
Carrier  Sense  Multiple  Access  with  Collbion  Detection",  has  been  presented  at  the  Local 
Area  Communication  Symposium,  Boston,  May  7-9,  1979,  and  appeared  in  Computer 
Networks,  Oct./Nov.  1980.  (See  Appendix  I.) 

e)  Message-Based  Priority  Functions  in  Multiaccess  /Broadcast  Systems 

The  proliferation  of  computer  networks  has  brought  about  a  wealth  of  applications  that 
impose  disparate  requirements  upon  the  communication  channeb  they  use.  In  particular 
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the  traffic  requirements  differ  to  such  a  degree  that  optimization  of  access  schemes  for 
one  pattern  is  often  detrimental  to  all  the  rest.  Message  priority  offers  a  solution  to  the 
problem.  It  provides  a  means  of  administering  channel  usage  to  meet  these  requirements 
while  maintaining  high  total  utilization.  We  proposed  priority  schemes  appropriate  for 
introduction  into  different  architectures  of  local  multiaccess  communication  systems  to 
achieve  these  desired  results.  The  architectures  examined  are  the  bidirectional  broadcast 
system  (BBS)  architecture  exemplified  by  Ethernet,  the  unidirectional  ring  architecture, 
and  the  unidirectional  broadcast  system  (UBS)  architecture  described  under  Task  B  below. 
A  paper  entitled  "Message-Based  Priority  Functions  in  Local  Multiaccess  Communications 
Systems”,  appeared  in  Computer  Networks,  Vol.  5,  No.  4,  July  1981.  (See  Appendix  I.) 

We  designed  a  simple  distributed  algorithm  which  can  support  message  based  priority 
functions  using  carrier  sensing.  The  scheme  is  based  on  the  principle  that  access  right  to 
the  channel  is  exclusively  granted  to  ready  messages  of  the  current  highest  priority  level.  It 
is  suitable  for  fully-connected  broadcast  networks  with  or  without  the  collision  detection 
feature,  and  can  be  made  preemptive  or  nonpreemptive.  This  scheme  is  referred  to  as 
Prioritized-CSMA  or  P-CSMA. 

The  difficulty  in  analyzing  multiaccess  schemes  such  as  CSM A  arises  from  the  fact  that 
the  system's  service  time  is  at  all  times  dependent  on  the  system’s  state  and  its  evolution 
in  time.  The  same  difficulty  arises  in  P-CSMA  and  prevents  us  from  using  conventional 
priority  queueing  results  to  derive  its  performance.  We  show,  however,  that  by  adopting 
the  "linear  feedback  model*  previously  used  to  analyze  CSMA,  it  is  possible  to  derive  the 
performance  of  pr-persistent  P-CSMA.  The  analysis  relies  on  properties  of  semi-Markov 
processes,  regenerative  processes,  and  delay-cycle  analysis.  We  completed  the  work  in  this 
area.  Analysis  and  simulation  results  have  been  compiled  in  Stanford  Electronics  Labora¬ 
tories  Technical  Report  #200  entitled  "Carrier  Sense  Multiple  Access  with  Message- Based 
Priority  Functions,”  dated  December  1,  1980.  (The  simulation  work  has  been  performed 
separately  under  a  contract  with  the  U.S.  Army  Center  for  Communications.)  A  con¬ 
ference  paper  has  been  presented  at  the  IEEE  National  Telecommunications  Conference 
entitled,  "Performance  Analysis  of  Carrier  Sense  Multiple  Access  with  Message-Based 
Priority  FVinctions”,  Houston,  December  2-4,  1980.  A  journal  paper  entitled,  "Carrier 
Sense  Multiple  Access  with  Message-Based  Priority  Functions”,  appeared  in  the  IEEE 
Transactions  on  Communications,  Vol.  COM-30,  No.  1,  January  1982.  (See  Appendix  I.) 

d)  Distribution  of  Packet  Delay  and  Interdeparture  Time  in  Packet  Radio  Systems 

The  analysis  of  real-time  protocols  differs  from  the  more  conventional  network  anal¬ 
ysis  in  that  with  real-time  constraints  the  analysis  has  to  be  extended  to  include  the 
determination  of  delay  distributions. 

Existing  analysis  of  slotted  ALOHA  and  CSMA  has  led  to  the  determination  of  the 
average  packet  delay.  This  was  achieved  by  formulating  a  Markovian  model  for  these 
channels  with  finite  populations  of  users,  each  with  a  single  packet  buffer.  We  derived, 
using  the  same  Markovian  model,  the  distributions  of  packet  delay  and  interdeparture 
times,  and  gave  simple  expressions  for  their  moments.  This  has  been  the  subject  of  Stanford 
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Electronics  Laboratories  Technical  Report  #186  entitled,  "Distributions  of  Packet  Delay 
and  Interdeparture  Time  in  Slotted  ALOHA  Channels”,  dated  April  1, 1980,  and  Technical 
Report  #187  entitled,  "Distribution  of  Packet  Delay  and  Interdeparture  Time  in  Carrier 
Sense  Multiple  Access”,  dated  April  1,  1980.  A  paper  entitled  "Distribution  of  Packet 
Delay  and  Inter' jparture  Time  in  Slotted  ALOHA  and  CSMA  Channels,”  appeared  in 
JACM,  Vol.  29,  No.  3,  October  1982.  (See  Appendix  I.) 

e)  Investigation  of  the  Performance  of  CSMA  Local  Networks  When  Supporting  Voice 

Applications 

In  this  effort  we  considered  local  networks  of  the  broadcast  bus  type,  exemplified 
by  Ethernet,  and  investigated  the  performance  of  such  systems  when  supporting  voice 
communication.  In  particular  we  studied  the  effect  on  performance  of  various  system 
parameters,  such  as  channel  bandwidth,  vocoder  rate,  delay  requirement,  allowable  packet 
loss  rate,  etc.  For  comparison  purposes,  we  also  considered  an  ideal  conflict-free  TDMA 
case  which  is  undoubtedly  the  most  suitable  for  voice  traffic  exhibiting  a  deterministic 
generation  process,  and  thus  provides  the  ultimate  performance  one  can  achieve. 

In  the  above  mentioned  modeling  effort  undertaken  to  evaluate  the  average  stationary 
performance  of  CSMA  and  P-CSMA,  it  was  assumed  that  for  each  user  the  packet  inter¬ 
generation  time  is  a  random  variable  with  a  memoryless  distribution.  When  dealing  with 
voice  applications,  such  an  assumption  is  not  adequate  as  the  packet  generation  process 
is  to  a  first  approximation  deterministic.  Moreover,  due  to  the  real-time  constraints  en¬ 
countered  in  voice  communication,  average  performance  is  not  sufficient,  and  one  has  to 
derive  the  distribution  of  delay  or  delay  percentiles.  This  renders  stochastic  analysis  rather 
difficult,  and  therefore  we  resort  to  simulation  techniques  for  this  study.  The  version  of 
the  simulator  used  in  this  investigation  is  that  corresponding  to  P-CSMA.  This  was  done 
with  the  intent  that  if  voice  and  data  were  to  be  integrated  on  the  same  network,  then, 
due  to  the  strict  end-to-end  delay  requirement  in  voice  applications,  one  suspects  that  the 
prioritised  scheme  would  be  more  appropriate.  Indeed,  by  giving  priority  to  voice  packets 
over  data  packets,  the  scheme  will  help  guarantee  to  a  certain  extent  the  delay  constraint 
for  voice  packets  even  in  the  presence  of  data  traffic.  In  fact,  analysis  and  simulation  of 
P-CSMA  with  two  classes  of  traffic  have  already  provided  indication  to  that  effect.  Note, 
however,  that  in  the  present  study  we  considered  that  there  exists  only  one  class  of  traf¬ 
fic,  namely  voice,  and  that  it  is  given  the  highest  priority.  The  only  difference  between 
P-CSMA  and  CSMA  in  this  case  is  that  with  the  former  there  is  an  additional  overhead 
incurred  in  the  implementation  of  the  priority  function  which  degrades  the  performance 
slightly  as  compared  to  CSMA. 

When  supporting  voice  communication,  we  define  performance  as  the  maximum  num¬ 
ber  of  voice  sources  accommodated  for  a  given  maximum  delay  requirement  and  a  tolerable 
packet  loss  rate.  We  studied  the  effect  on  this  performance  of  various  system  parameters 
such  as  channel  bandwidth,  vocoder  rate,  delay  requirement  and  packet  loss  rate.  We  com¬ 
pared  these  results  to  an  ideal  TDMA  system  which  provides  the  ultimate  best  achievable 
performance.  The  results  show  that  for  a  given  delay  constraint  Dn  and  a  given  tolerable 
loss  rate  L,  there  is  an  optimum  packet  sise  Bt  which  provides  the  maximum  number  of 
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voice  sources.  As  long  as  the  delay  requirement  Dn  is  not  too  severe  (~  200  msec.)  and 
the  channel  bandwidth  W  is  not  too  large  (1  MBPS),  then  the  performance  of  P-CSMA 
is  comparable  to  that  of  ideal  TDMA.  However,  if  either  Dn  is  small  (<  20  msec.)  or  W  is 
large  (>  10  MBPS),  or  both,  then  P-CSMA  becomes  inferior  to  the  ideal  case  regardless  of 
the  vocoder  rate.  This  is  basically  due  to  the  relatively  small  transmission  time  of  a  packet 
for  which  P-CSMA  is  known  to  have  a  poor  performance.  As  a  result,  we  note  that,  when 
the  delay  requirement  is  low,  an  increase  in  channel  bandwidth  with  the  expectation  of 
increasing  the  maximum  number  of  voice  sources  is  rewarded  by  smaller  than  proportional 
improvement. 

Detailed  discussion  of  these  issues  appeared  in  Stanford  Electronics  Laboratories  Tech* 
nical  Report  #213  entitled,  “Simulation  of  Message-Based  Priority  Functions  in  Carrier 
Sense  Multiaccess/Broadcast  Systems*,  June  1981,  and  in  a  conference  paper  entitled, 
“On  CSMA-CD  Local  Networks  and  Voice  Communication,*  INFOCOM  ’82,  Las  Vegas, 
April  1982.  (See  Appendix  I.) 

Task  B.  Design  and  Analysis  of  Local  Networks  Suitable  for  Real-Time  Applications 

Accomplishments  under  this  task  are: 

a)  Design  of  a  Round-Robin  Scheme  for  Unidirectional  Broadcast  System  Architec¬ 
ture. 

b)  Conceptual  Design  and  Analysis  of  Expressnet,  a  High-Performance  Integrated- 
Services  Local  Area  Network. 

c)  Analysis  of  Round-Robin  Schemes  in  Unidirectional  Broadcast  Local  Area  Net¬ 
works. 

d)  A  tutorial  on  Scheduling- Delay  Multiple  Access  Schemes  for  Broadcast  Local  Area 
Networks. 

a)  Design  of  a  Round-Robin  Scheme  for  Unidirectional  Broadcast  System  Architecture 

In  a  unidirectional  broadcast  system  architecture,  signal  propagation  is  forced  to  be  in 
only  one  direction.  Broadcast  communication  is  then  achieved  by  various  means,  such  as 
folding  the  cable  or  repeating  all  signals  on  a  separate  frequency  in  the  reverse  direction, 
so  that  signals  transmitted  by  any  user  reach  all  other  users  on  the  reverse  path. 

Because  of  the  unidirectional  signalling  property,  an  inherent  ordering  of  the  sub¬ 
scribers  can  be  achieved  which  allows  an  efficient  conflict-free  round-robin  scheme  to 
be  implemented.  Details  of  the  scheme,  which  we  shall  refer  to  as  UBS-RR,  have  been 
presented  in  the  paper  entitled,  “Efficient  Round-Robin  and  Priority  Schemes  for  Unidi¬ 
rectional  Broadcast  Systems*,  IBM  and  IFIP  6.4  International  Workshop  on  Local  Area 
Networks,  Zurich,  Switzerland,  August  27-29,  1980.  (See  Appendix  H.) 

The  importance  of  this  scheme  lies  mainly  in  the  fact  that  it  is  the  predecessor  to  the 
more  efficient  scheme,  referred  to  as  Expressnet  and  discussed  hereafter. 
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b)  Conceptual  Design  and  Analysis  of  Expressnet,  a  High-Performance  Integrated- 
Services  Local  Area  Network. 

Local  Area  communication  networks  have  registered  significant  advances  in  recent 
years.  Currently  networks  operating  in  the  l-10Mb/s  range  and  spanning  a  couple  of  kilo¬ 
meters  are  commercially  available.  Although  they  are  adequately  satisfying  current  needs 
for  computer  communications,  it  appears  that,  in  the  future,  there  will  be  an  increasing 
demand  for  communication  resources  as  new  system  architectures  (such  as  distributed  pro¬ 
cessing)  evolve  and  as  other  services  such  as  voice,  graphics  and  video  are  integrated  onto 
the  same  networks. 

Multiaccess  broadcast  bus  systems  have  been  popular  since,  by  combining  the  advan¬ 
tages  of  packet  switching  with  broadcast  communication,  they  offer  efficient  solutions  to 
the  communication  needs  both  in  simplicity  of  topology  and  flexibility  in  satisfying  growth 
and  variability.  These  systems  have  largely  used  random  access  contention  schemes  such 
as  Carrier  Sense  Multiple  Access  (CSMA).  A  prominent  example  is  Ethernet.  Although 
they  have  proven  to  perform  well  in  the  environments  for  which  they  were  designed,  these 
schemes  do  exhibit  performance  limitations  particularly  when  the  channel  bandwidth  is 
high  or  the  geographical  area  to  be  spaned  is  large.  For  example,  it  has  been  shown  that 
the  performance  of  CSMA-CD  degrades  significantly  as  the  ratio  tW/B  increases,  where 
r  is  the  end-to-end  propagation  delay,  W  is  the  channel  bandwidth  and  B  is  the  number 
of  bits  per  packet  (including  the  preamble  needed  for  synchronisation). 

In  order  to  overcome  these  limitations  we  proposed  a  new  approach,  also  based  on 
packet  broadcasting.  This  type  of  network,  called  Expressnet,  is  a  Unidirectional  Broad¬ 
cast  System  (UBS)  type,  in  that  it  uses  a  unidirectional  transmission  medium  on  which 
the  users  contend  according  to  some  distributed  conflict  free  round-robin  algorithm.  (An¬ 
other  recent  proposal  of  this  type  is  Fasnet  as  in  “Fasnet:  A  proposal  for  a  High  Speed 
Local  Network”,  by  J.  O.  Limb,  Proceedings  of  Office  Information  Systems  Workshop, 
St.  Maximin,  France,  October  1981  and  “Description  of  Fasnet,  a  unidirectional  Local 
Area  Communications  Network”,  by  J.  O.  Limb  and  C.  Flores,  Bell  Systems  Technical 
Journal,  September  1982.)  Expressnet  was  conceived  jointly  by  our  group  and  by  Fratta 
and  Borgonovo  of  the  Polytechnic  of  Milano.  In  this  system  the  access  overhead  between 
consecutive  packets  in  a  round  is  independent  of  both  the  end  to  end  propagation  delay 
and  the  number  of  users  connected  to  the  network.  Due  to  this  feature  this  system  over¬ 
comes  some  of  the  performance  limitations  of  the  random  access  schemes  as  well  as  earlier 
round-robin  schemes  such  as  the  UBS-RR  discussed  in  a)  above. 

Moreover,  some  features  of  Expressnet  make  it  particularly  suitable  for  voice  applica¬ 
tions.  In  view  of  integrating  voice  and  data,  a  simple  VOICE/DATA  EXPRESS  access 
protocol  was  described  which  satisfies  the  bandwidth  requirement  and  maximum  packet 
delay  constraint  for  voice  communication  at  all  times,  while  guaranteeing  a  minimum  band¬ 
width  requirement  for  data  traffic.  Finally,  it  is  noted  that  the  VOICE/DATA  EXPRESS 
access  protocol  constitutes  a  highly  adaptive  allocation  scheme  of  channel  bandwidth, 
which  allows  data  users  to  steal  the  bandwidth  unused  by  the  voice  application. 


10 


Expresanet  was  discussed  first  in  a  paper  entitled,  “The  EXPRESS-NET:  A  Local 
Area  Communication  Network  Integrating  Voice  and  Data*,  presented  at  the  International 
Conference  on  Performance  of  Data  Communication  Systems  and  Their  Applications, 
Paris,  France,  September  14-16,  1981;  A  Stanford  Electronics  Laboratories  Technical 
Report  #220  by  the  same  title  was  published  in  December  1980.  A  journal  paper  en¬ 
titled,  “EXPRESS-NET:  A  High-Performance  Integrated-Services  Local  Area  Network*, 
appeared  in  IEEE  Journal  on  Selected  Areas  in  Communications,  Special  Issue  on  Local 
Area  Networks,  November  1983.  (See  Appendix  II.) 

A  patent  covering  Expresanet  will  be  issued  in  the  U.S.A.,  Europe  and  Japan. 

c)  Analysis  of  Round-Robin  Schemes  in  Unidirectional  Broadcast  Local  Area  Networks. 

Various  service  disciplines  can  be  achieved  in  Unidirectional  Broadcast  networks.  Ex- 
pressnet  achieves  a  “conventional*  round-robin  discipline  where  users  are  serviced  in  a 
predescribed  order  determined  by  their  physical  location  on  the  network.  If  a  user  has  no 
message  when  its  turn  comes  up,  it  declines  to  transmit  and  then  must  wait  for  the  next 
round  before  getting  another  turn.  We  referred  to  this  type  of  discipline  as  the  Non-Gated 
Sequential  Service  discipline  (NGSS).  Both  Fasnet  and  Expressnet  can  be  operated  in  a 
gated  mode.  In  this  mode  only  those  users  who  are  ready  at  the  beginning  of  a  given  round 
are  serviced  in  that  round.  We  refer  to  this  discipline  as  the  Gated  Sequential  Service  dis¬ 
cipline  (GSS).  In  non-gated  Fasnet  users  are  also  ordered  according  to  their  position  on 
the  bus;  however,  following  a  transmission,  the  next  user  to  transmit  is  always  the  most 
upstream  user  who  has  a  packet  and  has  not  yet  transmitted  in  the  current  round.  This 
discipline  is  referred  to  as  the  Most  Upstream  First  Service  discipline  (MUFS).  UBS-RR 
and  Fasnet  can  support  MUFS. 

Using  a  model  consisting  of  M  users  each  with  a  single  packet  buffer,  fixed  size  packets, 
and  a  Poisson  arrival  process  to  each  of  the  M  users,  the  above  mentioned  disciplines  have 
been  analyzed.  The  results  have  been  reported  upon  in  “Performance  of  Uni-Directional 
Broadcast  Local  Area  Networks:  Express-Net  and  Fasnet*,  IEEE  Journal  on  Selected 
Areas  in  Communications,  Special  Issue  on  Local  Area  Networks,  November  1983.  (See 
Appendix  II.)  We  showed  that  these  systems,  unlike  random  access  techniques,  can  achieve 
a  channel  utilization  close  to  100%  even  when  the  channel  bandwidth  is  high  or  the  prop¬ 
agation  delay  of  the  signal  over  the  network  is  large.  In  addition,  the  network  remains 
stable  as  the  load  increases  to  infinity  without  the  need  for  any  dynamic  control  of  the 
access  protocol.  The  throughput  delay  characteristics  are  excellent  and  the  maximum  de¬ 
lay  is  bounded  from  above  by  a  finite  value  which  is  easily  computed.  As  the  throughput 
approaches  the  network  capacity  the  variance  of  delay  reaches  a  peak  and  then  drops  to 
zero.  At  network  capacity  the  system  becomes  deterministic  with  all  users  transmitting  in 
every  round.  Finally,  we  noted  that  all  three  service  disciplines  exhibit  similar  performance 
characteristics.  However,  in  GSS  and  MUFS  there  is  an  element  of  unfairness  which  favors 
upstream  users  over  downstream  users,  while  for  NGSS  the  access  protocol  is  completely 
fair  with  all  users  achieving  the  same  performance. 
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d)  A  tutorial  on  Scheduling-Delay  Multiple  Aeeess  Scheme*  For  Broadcast  Local  Area 

Networks 

Although  various  ring  systems  and  CSMA  contention  bus  systems  have  been  in  opera¬ 
tion  for  several  years,  more  recently  a  number  of  distributed  demand  assignment  multiple 
access  (DAMA)  schemes  suitable  for  broadcast  bus  networks  have  emerged  which  pro¬ 
vide  conflict-free  broadcast  communications  by  means  of  various  scheduling  techniques. 
Among  these  schemes,  the  Token-Passing  Bus  Access  method  uses  explicit  tokens,  i.e., 
control  messages,  to  provide  the  required  scheduling.  Others  use  implicit  tokens,  whereby 
stations  in  the  network  rely  on  information  deduced  from  the  activity  on  the  bus  to  sched¬ 
ule  their  transmissions.  In  the  paper  entitled  “Scheduling-Delay  Multiple  Access  Schemes 
for  Broadcast  Local  Area  Networks,”  presented  at  AFRICOM’84  (see  Appendix  II),  we 
identified  three  basic  access  mechanisms  according  to  which  these  implicit-token  DAMA 
schemes  can  be  classified.  These  are  the  scheduling-delay  access  mechanism,  the  reserva¬ 
tion  access  mechanism  and  the  attempt- and- defer  access  mechanism.  Then  we  presented  in 
a  unified  manner  those  schemes  using  the  scheduling  delay  access  mechanism  and  compare 
them  in  terms  of  performance  and  other  important  attributes.  This  class  is  suitable  for 
the  Bidirectional  Broadcast  System  configuration  (BBS)  where  the  only  means  for  coordi¬ 
nating  the  access  of  the  various  users  following  the  end  of  a  transmission  is  by  staggering 
the  potential  starting  times  of  these  users. 

Tksk  C.  Performance  Evaluation  of  Multihop  Packet  Radio  Networks 

Accomplishments  in  this  task  are: 

a)  Analysis  of  Two-Hop  Centralized  Packet  Radio  Networks,  Under  Slotted  ALOHA 
and  CSMA  Access  Schemes 

b)  Throughput  Analysis  of  Multihop  Packet  Radio  Networks  Under  Various  Channel 
Access  Schemes 

c)  Theoretical  Results  in  the  Throughput  Analysis  of  Multihop  Packet  Radio  Net¬ 
works 

d)  Simulation  of  Multihop  Packet  Radio  Networks 

a)  Analysis  of  Two-Hop  Centralised  Packet  Radio  Networks,  Under  Slotted  ALOHA 

and  CSMA  Aeeess  Schemes 

Until  recently,  the  work  done  on  the  performance  of  multiaccess  schemes  focused  mainly 
on  the  single-hop  case,  leading  to  a  good  understanding  of  the  behavior  of  one-hop  net¬ 
works.  Several  access  schemes  designed  specifically  for  single-hop  networks  or  shown  to 
perform  particularly  well  in  single  hop  networks  may  suffer  severe  degradation  in  perfor¬ 
mance  in  the  multihop  environment.  One  such  example  is  carrier  sense  multiple  access 
(CSMA)  with  its  “hidden  terminal*  problem. 

The  analysis  of  multihop  packet  radio  networks  has  proven  to  be  a  complex  task. 
In  order  to  gain  some  insight  into  the  behavior  of  these  networks,  one  alternative  was 
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to  analyse  accurately  simple  but  typical  configurations.  This  we  did  in  our  study  of 
two-hop  centralised  packet  radio  networks  (slotted  ALOHA  and  CSMA).  This  work  was 
mostly  done  by  the  principal  investigator  (F.  Tobagi)  while  at  UCLA,  and  completed  at 
Stanford  University.  The  study  was  published  as  papers  entitled,  "Analysis  of  a  Two-Hop 
Centralised  Packet  Radio  Network — Part  I:  Slotted  ALOHA,*  and  "Analysis  of  a  Two- 
Hop  Centralised  Packet  Radio  Network — Part  H:  Carrier  Sense  Multiple  Access,*  which 
appeared  in  the  IEEE  Transactions  on  Communications,  February  1980.  (See  Appendix 

m.) 

b)  Throughput  Analysis  of  Multihop  Packet  Radio  Networks  Under  Various  Channel 

Access  Schemes 

In  addition  to  CSMA,  several  schemes  have  been  proposed  in  the  past  for  multihop 
networks  in  view  of  providing  improved  performance,  but  no  analysis  had  yet  been  per¬ 
formed  to  evaluate  these  schemes.  Recently,  a  model  has  been  developed  by  Boors tyn  and 
Kershenbaum  to  analyze  CSMA  in  a  multihop  environment.  We  extended  the  model  used 
for  CSMA  to  evaluate  other  multiaccess  schemes  and  compare  their  performance. 

Among  the  many  multihop  access  schemes  which  can  be  conceived  today  using  such 
features  as  carrier  sensing,  code  division,  etc.,  we  have  selected  a  few  for  consideration  so 
far  in  our  work.  They  are  such  that  they  lend  themselves  to  simple  solutions  (particularly 
product  form  solutions).  Although  other  schemes  can  be  handled  by  the  model  described 
above,  the  analysis  becomes  more  complex,  and  in  the  early  stage  of  this  research,  we 
restricted  ourselves  to  those  listed  hereafter.  The  access  schemes  define  the  conditions 
under  which  a  scheduling  point  results  in  a  transmission.  We  divided  them  into  two 
major  groups:  the  carrier  sense  type  schemes,  and  the  ALOHA-type  schemes.  In  addition, 
we  defined  capture  as  the  ability  for  a  receiver  to  correctly  receive  a  packet  despite  the 
presence  of  other  time-overlapping  transmissions.  Perfect  capture  refers  to  the  ability 
of  receiving  correctly  the  first  message  to  reach  the  receiver  regardless  of  the  number  of 
future  overlapping  messages;  zero  capture  refers  to  the  situation  where  any  overlap  in 
transmission  results  in  complete  destruction  of  all  overlapping  transmissions. 

The  Carrier  Sense  Type  Schemes  considered  are: 

(i)  Carrier  Sense  Multiple  Access  (CSMA) 

(ii)  Busy  Tone  Multiple  Access  (BTMA) 

(iii)  A  Directional  CSMA  (D-CSMA) 

In  the  ALOHA  type  scheme,  a  node  does  not  sense  the  channel  before  transmitting.  Two 
protocols  were  considered  for  analysis: 

(i)  Pure  ALOHA 

(ii)  CDMA-ALOHA 

The  analysis  of  the  above  schemes  was  performed  and  reported  upon  in  the  paper 
entitled,  "Throughput  Analysis  of  Multihop  Packet  Radio  Networks  under  Various  Channel 
Access  Schemes*,  presented  at  INFOCOM’83,  San  Diego,  April  19-21, 1983.  (See  Appendix 
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HI.)  A  few  topologies  were  considered  to  derive  numerical  results  which  show  their  relative 
performance. 

e)  Theoretical  Results  in  the  Throughput  Analysis  of  Multihop  Paeket  Radio  Networks 

The  work  reported  upon  in  the  above  mentioned  paper  was  based  on  the  assumptions  of 
perfect  capture  and  sero  propagation  delay.  Moreover,  only  schemes  which  lend  themselves 
to  reversible  Markov  chains  (and  thus  product  form  solutions)  were  considered.  Since  then, 
considerable  progress  has  been  made  on  this  subject.  A  more  formal  formulation  of  the 
problem  under  consideration  was  done,  which  allowed  some  deeper  insight  to  be  gained. 
In  particular,  a  relation  between  the  existence  of  a  product  form  and  reversibility  of  the 
associated  Markov  chain  was  found,  and  a  simple  criterion  for  the  determination  of  the 
existence  of  a  product  form  solution  for  a  given  protocol  and  topology  was  stated  and 
proved.  The  criterion  is  the  following:  “A  channel  access  scheme  on  a  given  topology  leads 
to  a  product  form  solution  if  and  only  if:  for  all  pairs  of  transmissions  i  and  j,  transmission 
i  blocks  transmission  j  if  and  only  if  transmission  j  blocks  transmission  «.*  Moreover,  the 
equations  expressing  the  throughput  relationships  previously  derived  heuristically  and  only 
for  the  case  of  perfect  capture,  have  been  justified  on  theoretical  grounds  and  extended  to 
the  case  of  sero  capture.  These  theoretical  results  have  appeared  in  "Theoretical  Results  in 
Throughput  Analysis  of  Multihop  Packet  Radio  Networks,",  presented  at  the  International 
Conference  on  Communications,  ICC’84,  Amsterdam,  May  1984.  (See  Appendix  m.)  The 
analysis  of  schemes  for  which  a  product  form  solution  does  not  exist  will  require  the  direct 
(numerical)  solution  of  the  balance  equation  of  the  corresponding  Markov  chain.  The 
writing  of  a  computer  program  for  the  analysis  of  general  networks  and  general  protocols 
is  currently  in  progress.  Also  currently  under  investigation,  is  the  analysis  of  the  non-sero 
propagation  delay  case,  a  case  of  indeed  great  importance. 

d)  Simulation  of  Multihop  Paeket  Radio  Networks 

As  the  analysis  of  delay  in  multihop  packet  radio  networks  has  proved  to  be  extremely 
complex  and  intractable,  we  have  undertaken  a  simulation  effort  as  well.  In  such  a  simula¬ 
tion,  not  only  were  we  able  to  relax  some  of  the  assumptions  made  in  the  analysis  (Poisson 
scheduling  process,  sero  propagation  delay,  etc.),  but  we  were  also  able  to  study  other  net¬ 
working  issues  such  as  deadlocks,  the  effects  of  rescheduling  delays  and  buffer  allocation 
schemes  at  the  repeaters. 

In  an  original  version  of  the  simulation  program,  called  MULTIHOP,  packets  arriving 
to  a  repeater  are  stored  at  the  end  of  a  repeater’s  queue  (one  queue  per  repeater)  and  served 
on  a  first-come-first-served  basis;  the  repeater  always  attempts  transmission  of  the  head  of 
its  queue.  If  the  transmission  is  not  successful,  due  to  a  collision  or  to  buffer  shortage  at  the 
next  node,  (an  event  assumed  to  be  known  instantaneously),  then  the  packet  is  rescheduled 
according  to  a  rescheduling  delay  distribution.  New  arrivals  at  a  node  are  denied  permission 
to  enter  the  network  whenever  a  packet  is  already  stored  in  the  buffer  of  that  node,  (thus 
applying  an  input  buffer  limit  scheme).  The  problem  with  that  implementation  was  that 
the  scheme  was  prone  to  deadlocks.  It  should  be  noted  here  that  deadlocks  occur  because 
a  packet  is  never  dropped  once  it  has  been  accepted  into  the  network.  Deadlocks  would 
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not  occur  if  packets  were  dropped  following  a  certain  maximum  number  of  unsuccessful 
retries.  But  in  that  case  dropping  packets  due  to  a  shortage  of  buffer  space  is  indicative 
of  bad  management  of  network  resources,  leading  to  inefficiencies.  The  types  of  deadlocks 
encountered  were  the  two  common  ones,  namely,  direct  and  indirect  store- and-forward 
deadlocks.  A  solution  to  the  deadlock  problem  was  the  implementation  of  the  structured 
buffer  pool  technique  in  conjunction  with  channel  queue  limit  flow  control.  Although 
these  techniques  have  been  traditionally  described  in  the  context  of  point-to-point  store- 
and-forward  networks,  they  have  been  easily  adapted  to  this  kind  of  broadcast  networks 
by  a  simple  modification.  With  these  modifications  implemented,  the  throughput-delay 
performance  curves  for  the  various  schemes  have  been  generated  (so  far  for  a  ring  network). 
A  major  result  of  this  simulation  was  the  indication  that  the  buffer  sise  at  repeaters  and 
the  allocation  of  the  buffer  space  among  the  various  classes  in  the  structured  buffer  pool 
technique  could  have  an  enormous  effect  on  the  performance  of  the  schemes,  and  need  to 
be  taken  into  account  when  comparing  these  schemes.  Additional  work  is  currently  under 
way. 

IWsk  D.  Multinetwork  Environments 

The  accomplishment  in  this  task  is:  ‘Performance  of  Gateway-to-Gateway  and  End- 
to-End  Flow  Control  Procedures  in  Internet  Environments”. 

As  computer  communication  networks  multiply  in  number,  it  becomes  more  desirable 
to  interconnect  these  networks  in  order  to  broaden  their  user  services.  The  interconnection 
of  networks  is  implemented  through  entities  called  gateways,  which  are  interfaced  to  the 
individual  networks  as  hosts.  As  in  the  case  of  a  single  network,  a  reliable  delivery  of 
packets  between  the  end  hosts  must  be  provided.  When  there  is  some  probability  of 
packet  loss,  the  reliable  deliveiy  can  be  insured  through  a  flow  control  mechanism  such 
as  windowing  which  incorporates  an  automatic-repeat-request  (ARQ)  feature.  In  order  to 
study  flow  control  in  multihop  networks,  we  first  introduced  a  new  technique  for  computing 
the  average  delivery  delay  across  a  network.  The  packet  delivery  delay  is  defined  as  the 
time  elapsed  from  when  a  packet  arrives  to  the  source  host  until  its  first  correct  copy  is 
delivered  to  the  destination  host.  The  delay  undergone  by  each  copy  across  the  network 
is  called  the  end-to-end  delay  and  its  distribution  is  assumed  to  be  given.  Moreover,  the 
loss  of  copies  is  assumed  to  be  independent  from  each  other  and  to  have  a  given  fixed 
probability. 

Since,  in  general,  the  delivery  delay  distribution  of  a  packet  depends  on  the  end-to-end 
delay  of  every  copy  of  that  packet,  the  exact  analysis  required  the  knowledge  of  the  joint 
distribution  of  the  one-way  delays.  However,  realising  that  this  joint  distribution  is  often 
not  known,  we  developed  a  simple  model  to  characterize  the  dependencies  between  the 
end-to-end  delays.  To  motivate  this  model,  we  considered  two  extreme  cases.  The  first 
case  is  that  of  fixed  routing  —  all  the  copies  take  the  same  route  through  the  network. 
Given  that  first-in-first-out  scheduling  is  utilized  at  the  nodes,  the  order  of  copies  at  arrival 
to  the  network  is  the  same  as  that  upon  their  departure.  The  other  extreme  case  occurs 
when  the  one-way  delays  are  independent.  This  situation  is  realized  when  every  copy  takes 
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a  different  path  across  the  network  from  every  other  copy  —  i.e.,  there  exists  "complete 
alternate  routing*. 

Based  on  the  above  observation  we  modeled  the  network  as  consisting  of  a  number 
of  identical  and  disjoint  paths.  Every  copy  may  be  transmitted  over  any  of  these  paths 
with  equal  probability.  Furthermore  the  copies  that  are  transmitted  over  the  same  path, 
although  their  ordering  is  preserved,  have  the  same  marginal  end-to-end  delay  distribution. 
In  fact  in  a  network  where  there  exists  a  large  mixing  of  different  traffic  at  every  node  we 
expect  that  all  the  copies  in  a  stream  experience  approximately  the  same  delay  distribution. 
On  the  other  hand,  the  copies  taking  different  routes  to  the  destination  source  undergo 
independent  but  again  identically  distributed  end-to-end  delays. 

Based  on  some  approximations,  we  could  express  the  average  delivery  delay  only  in 
terms  of  the  mean  and  coefficient  of  variation  of  the  one-way  delay  in  addition  to  the  time¬ 
out  period  and  the  probability  of  packet  loss.  (Note  that,  for  most  communication  systems, 
analysis  can  only  provide  the  mean  and  coefficient  of  variation  of  the  one-way  delay.  Also, 
results  based  on  measurements  or  computer  simulation  are  usually  more  accurate  for  the 
first  few  moments  than  for  the  complete  distribution  of  the  delay.)  As  expected  we  observed 
that,  as  long  as  the  one-way  delay  is  independent  of  the  load,  reducing  the  time-out  perird 
always  decreases  the  average  delivery  delay.  However,  we  know  that  a  shorter  timeout 
period  results  in  a  larger  retransmission  traffic  which  in  turn  should  increase  the  end-to- 
end  delay.  Therefore  to  account  for  this  effect,  we  next  assumed  that  the  mean  end-to-end 
delay  is  given  as  a  function  of  the  total  load  on  the  network.  Then  we  obtained  a  more 
realistic  behavior  of  the  average  delivery  delay  veraus  the  time-out  period.  It  was  observed 
that  the  average  delivery  delay  is  minimised  for  some  optimum  time-out  period. 

In  an  internet  environment  the  flow  control  may  be  implemented  between  the  source 
and  destination  hosts,  or  it  may  be  implemented  across  every  network  on  the  communica¬ 
tion  path,  i.e.,  between  the  gateways  as  well  as  the  gateways  and  end  hosts.  In  this  study, 
we  referred  to  the  former  case  as  end-to-end  flow  control  (EEFC)  and  to  the  latter  one 
as  gateway-to- gateway  flow  control  (GGFC).  Our  objective  was  to  make  a  performance 
comparison  between  EEFC  and  GGFC.  Furthermore,  we  considered  the  use  of  routing 
and  flow  control  algorithms  to  enhance  the  performance.  The  performance  is  measured  in 
terms  of  packet  delivery  delay,  i.e.,  the  time  elapsed  since  the  packet  arrives  at  the  source 
host  until  the  first  correct  copy  of  it  is  delivered  to  the  destination  host.  This  performance 
is  a  function  of  the  end-to-end  delay  and  probability  of  loss  across  the  network  as  well 
as  the  input  rate  of  retransmission  frequency.  We  observed  that,  there  is  an  optimum 
retransmission  frequency,  or  alternatively  an  optimum  timeout,  which  minimises  the  av¬ 
erage  delivery  delay.  We  also  observed  that  when  the  networks  are  in  tandem,  GGFC 
offers  better  performance  than  that  of  EEFC.  However,  when  there  is  a  high  degree  of 
traffic  bifurcation  between  the  networks,  only  under  adaptive  routing  does  GGFC  result 
in  a  lower  average  delivery  delay  than  that  of  EEFC.  When  GGFC  is  employed,  the  opti¬ 
mum  timeouts  may  be  computed  at  gateways  and  hosts  using  numerical  methods.  Then 
any  routing  algorithm  which  minimises  the  average  delay  in  a  network  can  be  used  to 
minimise  a  cost  function  of  the  average  delivery  delays  across  the  internet.  This  work 
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has  been  reported  upon  in  “Performance  of  End-To-End  and  Gateway-To-Gateway  Flow 
Control  Procedures  in  Internet  Environments”,  Proceedings  of  CDC'82,  Orlando,  Florida, 
December  1982.  (See  Appendix  IV.) 

IWsk  E.  Architectural  Design  and  VLSI  Implementation  of  Local  Area  Networks 

On  one  hand  the  Expressnet  has  proven  to  be  an  interesting  concept  for  local  network¬ 
ing  which  is  simple,  efficient,  and  amenable  to  a  multitude  of  applications  with  real-time 
constraints.  On  the  other  hand  the  advent  of  VLSI  technology  has  brought  about  many 
new  prospects  for  implementing  network  functions.  We  have  initiated  an  effort  to  combine 
these  two  aspects  and  implement  in  VLSI  an  Expressnet  to  support  a  multitude  of  appli¬ 
cations.  This  effort  is  still  in  its  early  stages.  The  contribution  of  such  a  task  is  two-fold: 

(1)  to  demonstrate  the  feasibility  of  the  networking  concept  and  prove  its  capabilities;  and 

(2)  to  demonstrate  that  a  complete  integration  of  network  and  communication  functions  is 
feasible.  In  this  report  we  merely  present  some  exercises  performed  and  our  basic  thoughts 
on  the  subject. 

We  designed  and  built  a  prototype  VLSI  chip  implementing  the  Expressnet  link  control 
algorithm.  The  main  purpose  of  this  exercise  was  to  learn  more  about  how  to  use  VLSI 
design  tools.  This  Expressnet  IC  implemented  the  following  functions:  serial-to-parallel 
and  parallel-to- serial  data  conversion,  link  access  control  functions  for  as  many  as  eight 
different  data  types,  and  address  and  train  recognition  functions.  The  functions  such  as 
error  correction  and  buffer  allocation  were  not  included  in  order  to  restrict  the  complexity 
of  the  IC  being  built.  Later  versions  of  this  IC  may  include  such  functions.  The  IC  was 
only  partially  debugged. 

In  an  effort  to  expand  on  the  work  done  in  building  the  Expressnet  chip,  we  perceived 
the  need  to  conduct  a  requirement  analysis  with  respect  to  capabilities  desired  of  an  Ex¬ 
pressnet  interface  chip.  The  requirement  analysis  was  first  done  to  identify  various  data 
traffic  characteristics  and  the  number  of  trains  required  on  Expressnet.  The  important 
result  that  emerged  out  of  this  study  is  the  need  to  support  high  end-to-end  user  through¬ 
puts  for  some  of  the  future  applications.  This  was  one  of  the  major  impetus  for  widening 
the  scope  of  the  project  to  include  VLSI  implementation  of  higher  level  protocols. 

Having  identified  various  projected  future  data  rate  demands,  we  next  turned  our 
attention  to  the  measured  performance  of  current  implementations.  All  of  the  current  im¬ 
plementations  of  TCP/IP  and  Ethernet  software  had  end-to-end  throughputs  which  were 
far  below  what  the  future  applications  demanded.  We  also  studied  the  best  possible  per¬ 
formance  of  a  TCP  type  transport  protocol  on  a  sequential  execution  dedicated  machine. 
This  convinced  us  that  the  major  improvements  needed  in  packet  processing  rates  at  net¬ 
work  interfaces  require  a  radically  different  approach.  Our  approach  has  been  to  study 
and  utilise  the  parallelism  that  exists  in  communication  algorithms. 

In  order  to  expose  the  inherent  sequentiality  of  packet  communication  functions,  we 
designed  a  simple  notation.  The  notation  allows  one  to  express  precedence  relationships 
among  various  communication  functions.  Utilising  this  notation,  we  expressed  a  standard 
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communications  architecture  (namely,  ISO’s  OSI  reference  model).  The  knowledge  of  this 
structure  is  useful  since  it  provides  a  limit  on  the  parallel  execution  that  is  possible  in  any 
implementation. 

Due  to  limited  resources,  one  may  choose  not  to  implement  the  maximum  degree  of 
parallelism  possible  but  to  share  computational  and  storage  resources  among  many  of  the 
functions.  Thus,  the  actual  parallelism  used  in  any  implementation  may  differ  from  the 
one  that  is  shown  to  be  possible  using  the  above  mentioned  notation.  In  order  to  compare 
various  possible  implementations,  we  needed  a  notation  which  will  allow  one  to  express  the 
real  parallelism  used  in  any  particular  implementation.  Such  an  enhanced  notation  was 
designed  next  by  extending  the  earlier  notation  to  include  indications  of  resource  conflicts 
and  actual  flow  of  control  which  may  be  encountered  in  any  implementation. 

Using  the  extended  notation,  we  next  briefly  examined  many  of  the  current  implemen¬ 
tations.  These  include  a  TCP/IP  implementation  on  the  V  system,  TCP/IP  implementa¬ 
tions  on  BSD  4.1  Unix,  3  MBPS  Ethernet  software  on  Altos,  and  an  Internal  I/O  protocol 
of  the  V  system  kernel. 

Currently  we  are  engaged  in  identifying  various  parallel  execution  architectures  suitable 
for  implementing  packet  communication  functions  in  VLSI.  The  implementation  architec¬ 
tures  are  classified  into  four  classes  on  the  basis  of  the  number  of  sites  of  executions  used 
as  well  as  the  types  of  execution  units  used.  The  single- CPU  class  consists  of  implementa¬ 
tions  which  use  a  single  general-purpose  Von  Neumann  machine.  This  leads  to  sequential 
execution  of  communication  algorithms,  and  hence  is  not  of  interest.  The  Multi-CPU  class 
includes  many  diverse  types  of  implementations.  All  of  these  have  more  than  one  exe¬ 
cution  unit  and  the  execution  units  are  of  general-purpose  Von  Neumann  type  machines. 
The  General-purpose  Parallel  Machine  class  also  includes  more  than  one  execution  unit, 
but  the  execution  units  are  no  longer  general-purpose  Von  Neumann  type  machines.  The 
emphasis  in  this  class  is  to  utilize  parallelism  at  the  instruction  level  for  any  algorithm. 
The  utilisation  of  parallelism  in  most  cases  is  possible  only  when  the  algorithms  have  a 
significant  amount  of  vector  or  matrix  calculations.  The  fourth  class  is  that  of  functional 
architectures.  In  this  style  of  implementation,  there  is  a  direct  correspondence  between  the 
functions  to  be  executed  and  the  hardware  units  to  be  utilized.  In  other  words  hardware 
units  are  specialized  for  the  functions  they  are  to  perform.  The  number  of  such  hardware 
units  to  be  provided  then  directly  depends  on  the  structure  of  the  algorithm  being  mapped 
onto  the  hardware.  We  feel  that  it  is  this  class  of  implementations  which  is  more  relevant  to 
our  needs  of  VLSI  implementations  of  packet  communications.  We  are  currently  studying 
this  type  of  architectures  in  more  detail. 
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Abstract — The  need  for  multiaccess  protocols  arises  whenever  a  resource 
is  shared  by  many  independent  contending  users.  Two  major  factors 
contribute  to  such  a  situation:  the  need  to  share  expensive  resources  in 
order  to  achieve  their  efficient  utilization,  or  the  need  to  provide  a  hitth 
decree  of  connectivity  tor  communication  among  independent  subscribers 
lor  both).  In  data  transmission  systems,  the  communication  bandwidth  is 
often  the  prime  resource,  and  it  is  with  respect  to  this  resource  that  we  view 
multiaccess  protocols  here.  We  give  in  this  paper  a  unified  presentation  of 
the  various  multiaccess  techniques  which  we  group  into  five  categories:  I  i 
fixed  assignment  techniques.  2|  random  access  techniques.  3)  centrally 
controlled  demand  assignment  techniques.  4)  demand  assignment  tech¬ 
niques  with  distributed  control,  and  5i  mixed  strategies.  W>  discuss  their 
applicability  to  different  environments,  namely ,  satellite  channels,  local 
area  communication  networks  and  multihop  store-and-forward  broadcast 
networks,  and  their  applicability  to  different  types  of  data  traffic,  namely 
stream  traffic  and  bursty  traffic.  We  also  present  the  performance  of  many 
of  the  multiaccess  protocols  in  terms  of  bandw  idth  utilization  and  message 
delay. 


I.  INTRODUCTION 

THE  need  for  multiaccess  protocols  arises  whenever  a 
resource  is  shared  (and  thus  accessed)  by  a  number  of 
independent  users.  One  main  reason  contributing  to  such  a 
situation  is  the  need  to  share  scarce  and  expensive  resources. 
An  excellent  example  is  typified  by  time-sharing  systems. 
Time-sharing  was  developed  in  the  I960’s  to  make  the  power¬ 
ful  processing  capability  of  a  large  computer  system  available 
to  a  large  population  of  users,  each  of  whom  has  relatively 
small  or  infrequent  demands  so  that  a  dedicated  system 
cannot  be  economically  justified.  Two  advantages  are  gained: 
the  smoothing  effect  of  large  populations  on  the  demand 
resulting  from  the  law  of  large  numbers  and  a  lower  cost  per 
unit  of  service  resulting  from  the  (almost  always  existing) 
economy  of  scale 

A  second  major  reason  contributing  to  the  multiaccess  of  a 
common  resource  by  many  independent  entities  is  the  need 
for  communication  among  the  entities,  we  refer  to  this  as  the 
connectivity  requirement .  An  excellent  example  today  is  the 
telephone  system,  the  main  purpose  of  which  is  to  provide  j 
high  degree  of  connectivity  among  its  subscribers.  The  multi¬ 
access  protocol  used  in  the  telephone  system  is  conceptually 
simple:  it  merely  consists  of  placing  a  request  for  connection 
to  one  or  several  parties,  a  request  which  gets  honored  by  the 
system  if  all  the  requited  resources  are  available. 
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Packet  Communication 

Let  us  now  consider  data  communication  systems,  the 
subject  of  interest  in  this  paper.  Communications  engineers 
have  long  recognized  the  need  to  multiplex  expensive  trans¬ 
mission  facilities  and  switching  equipment  The  earliest  tech¬ 
niques  for  doing  this  were  synchronous  time-division  multi¬ 
plexing  and  frequency-division  multiplexing.  These  methods 
assign  a  fixed  subset  of  the  time-bandwidth  space  to  each  of 
several  subscribers  and  are  very  successful  for  stream-type 
traffic  such  as  voice.  With  computer  traffic  however,  usually 
characterized  as  bursty,  fixed  assignment  techniques  are  not 
nearly  so  successful,  and  to  solve  this  problem,  packet  com¬ 
munication  systems  have  been  developed  over  the  past  decade 
[l  1  -  [7  ] .  Packet  communication  is  based  on  the  idea  that  part 
or  all  of  the  available  resources  are  allocated  to  one  ser  at  a 
time  but  for  just  a  short  period  of  time.  Here  each  component 
of  the  system  is  itself  a  resource  which  is  multiaccessed  and 
shared  by  the  many  contending  users  To  achieve  sharing  at 
the  component  level,  customers  are  required  to  divide  their 
messages  into  small  units  called  packets  which  carry  informa¬ 
tion  regarding  the  source  and  the  intended  recipient. 

One  type  of  packet  communication  network,  known  as  the 
point-to-point  store-and-forward  network,  is  one  where  packet 
switches  are  interconnected  by  point-to-point  data  circuits 
according  to  some  topological  structure.  Packets  are  trans¬ 
mitted  independently  and  pass  asynchronously  from  one 
switch  to  another  until  they  reach  their  destination.  The 
multiplexing  of  packets  on  a  channel  is  done  by  queueing 
them  at  each  switch  until  the  outgoing  channel  is  free.  Typical 
examples  are  the  ARPANET  [7],  the  Cigale  subnetwork  [8], 
TELENET  [9],  and  DATAP AC  [10], 

Another  type  of  packet  transmission  network  is  the  (single¬ 
hop)  multiaccess/broadcast  network  typified  by  the  ALOHA 
network  [II],  SATNET  [i;|.  and  ETHERNET  [5]  Here  a 
single  transmission  medium  is  shared  by  all  subscribers:  the 
medium  is  allocated  to  each  subscriber  for  the  time  required  to 
transmit  a  single  packet  The  inherent  single-hop  broadcast 
nature  of  these  systems  achieves  full  connectivity  at  small 
additional  cost.  Each  subscriber  is  connected  to  the  common 
channel  through  a  smart  interface  which  listens  to  all  trans¬ 
missions  and  absorbs  packets  addressed  to  it 

Vet  a  third  type  of  packet  network  can  be  identified.  It  is 
the  (multihop)  store-and-forward  multiaccess/broadcast  type 
which  combines  the  features  exhibited  (and  problems  en¬ 
countered)  in  the  two  types  just  mentioned.  The  best  and 
perhaps  only  example  of  this  type  is  the  packet  radio  network 
(PRNET)  sponsored  by  the  Advanced  Research  Projects 
Agency  (13).  [14],  The  PRNET  is  an  extension  of  the 
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ALOHA  network  in  that  it  includes  many  added  features  such 
as  direct  communication  by  a  ground  radio  network  between 
mobile  users  over  wide  geographical  areas,  coexistence  with 
possibly  different  systems  in  the  same  frequency  band,  antijam 
protection,  etc.  The  key  requirement  of  direct  communication 
over  wide  geographical  areas  renders  store-and-forward 
switches,  called  repeaters,  integral  components  of  the  system. 
Furthermore,  for  easy  communication  among  mobile  users 
and  for  rapid  deployment  in  military  applications,  all  devices 
employ  omnidirectional  antennas  and  share  a  high-speed  radio 
channel;  hence  the  multiaccess/broadcast  nature  of  the  system. 

The  main  issue  of  concern  here  is  how  to  control  access  to  a 
common  channel  to  efficiently  allocate  the  available  com¬ 
munication  bandwidth  to  the  many  contending  users.  The 
solutions  to  this  problem  form  the  set  of  protocols  known  as 
multiaccess  protocols.  These  protocols  and  their  performance 
differ  according  to  the  environment  in  question  and  the 
system  requirements  to  be  satisfied.  We  devote  the  next  few 
paragraphs  to  summarizing  the  basic  relevant  characteristics 
underlying  these  environments. 

Consider  first  satellite  channels.  A  satellite  transponder  in  a 
geostationary  orbit  above  the  earth  provides  long-haul  com¬ 
munication  capabilities.  It  can  receive  signals  from  any  earth 
station  in  its  coverage  pattern  and  can  transmit  signals  to  all 
such  earth  stations  (unless  the  satellite  uses  spot  beams).  Full 
connectivity  and  multidestination  addressing  can  both  be 
readily  accommodated.  The  many  characteristics  regarding 
data  rates,  error  rates,  satellite  coverage,  channelization,  and 
design  of  earth  stations  have  been  fully  discussed  in  a  recent 
paper  by  Jacobs  et  al.  (12).  Perhaps  the  most  important 
characteristic  relevant  to  this  discussion  is  the  inherent  long 
propagation  delay  of  approximately  0.25  s  for  a  single  hop. 
This  delay  which  is  usually  long  compared  to  the  transmis¬ 
sion  time  of  a  packet,  has  a  major  impact  on  the  bandwidth 
allocation  techniques  and  on  the  error  and  flow  control 
protocols. 

In  ground  radio  environments,  the  propagation  delay  is 
relatively  short  compared  to  the  transmission  time  of  a  packet, 
and  as  we  shall  see  in  the  sequel,  this  can  be  of  great  advan¬ 
tage  in  controlling  access  to  a  common  channel.  It  is  important 
however  to  distinguish  single-hop  environments  where  direct 
full  connectivity  is  assumed  to  prevail,  and  more  complex 
user  environments  where,  due  to  geographical  distance  and/or 
obstacles  opaque  to  UHF  signals,  limited  direct  connectivity 
is  achieved.  Clearly,  the  latter  situation  is  significantly  more 
complex  as  it  gives  rise  to  a  multihop  system  where  global 
control  of  system  operation  and  resource  allocation  (whether 
centralized  or  distributed)  is  much  harder  to  accomplish. 
Another  dimension  of  complexity  results  from  the  fact  that, 
unlike  satellite  environments  where  earth  stations  are  sta¬ 
tionary,  ground  radio  systems  must  also  support  mobile  users. 
With  mobile  users,  not  only  does  demand  on  the  system 
exhibit  relatively  fast  dynamic  changes,  but  the  radio  prop¬ 
agation  characteristics  are  subject  to  important  variations  in 
received  signal  strength  so  that  system  connectivity  is  at  all 
times  difficult  to  predict;  with  these  considerations  it  is 
important  to  devise  access  schemes  and  system  control  mech¬ 
anisms  that  allow  the  system  to  adapt  itself  to  these  changes. 
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Furthermore,  multipath  effects  in  urban  environments  can  be 
so  disastrous  that  special  signaling  schemes,  such  as  spread 
spectrum,  may  be  in  order  [14],  Finally,  another  point  of 
growing  concern  today  is  RF  spectrum  utilization.  This  is 
becoming  an  increasingly  predominant  factor  in  determining 
the  structure  of  radio  systems,  both  in  satellite  and  ground 
environments.  A  packet  radio  system  which  allows  the  dy¬ 
namic  allocation  of  the  spectrum  to  a  large  population  of 
bursty  mobile  user  needs  flexible  high  performance  multi¬ 
access  schemes  which  can  take  advantage  of  the  law  of  large 
numbers,  and  which  permit  coexistence  of  the  system  with 
other  (possibly  different)  systems  in  the  same  frequency  band. 

Finally,  we  consider  local  area  communication  systems. 
These  span  short  distances  (ranging  from  a  few  meters  up  to  a 
few  kilometers)  and  usually  involve  high  data  rates.  The  trans¬ 
mission  medium  can  be  privately  owned  and  inexpensive, 
such  as  twisted  pair  or  coaxial  cable.  Local  area  environments 
are  characterized  by  a  large  and  often  variable  number  of 
devices  requiring  interconnection,  and  these  are  often  in¬ 
expensive.  These  situations  call  for  communication  networks 
with  simple  topologies  and  simple  and  inexpensive  connection 
interfaces  that  can  provide  great  flexibility  in  accommodating 
the  variability  in  the  environment  and  that  achieve  the  desired 
level  of  reliability.  With  these  constraints,  we  again  face  the 
situation  in  which  a  high  bandwidth  channel  is  to  be  shared 
by  independent  users.  Short  propagation  delays  and  high  data 
rates  are  the  main  characteristics  that  are  exploited  in  devising 
multiaccess  schemes  appropriate  to  local  area  environments. 

Multiaccess  schemes  are  evaluated  according  to  various 
criteria.  The  performance  characteristics  that  are  desirable  are, 
first  of  all,  high  bandwidth  utilization  and  low  message  delays. 
But  a  number  of  other  attributes  are  just  as  important.  The 
ability  for  an  access  protocol  to  simultaneously  support 
traffic  of  different  types,  different  priorities,  with  variable 
message  lengths,  and  differing  delay  constraints  is  essential 
as  higher  bandwidth  utilization  is  achieved  by  the  multiplexing 
of  all  traffic  types.  Also,  to  guarantee  proper  operation  of 
schemes  with  distributed  control,  robustness,  defined  here 
as  the  insensitivity  to  errors  resulting  in  misinformation,  is 
also  most  desirable. 

Having  so  far  discussed  briefly  the  basic  characteristics  and 
system  requirements  underlying  the  various  communication 
environments,  we  now  proceed  with  a  discussion  of  the  multi¬ 
access  protocols  appropriate  to  these  environments. 

II.  MULTIACCESS  PROTOCOLS 

Multiaccess  protocols  differ  by  the  static  or  dynamic 
nature  of  the  bandwidth  allocation  algorithm,  the  centralized 
or  distributed  nature  of  the  decision-making  process,  and  the 
degree  of  adaptivity  of  the  algorithm  to  changing  needs. 
Accordingly,  these  protocols  can  be  grouped  into  five  classes. 
The  first  class,  labeled  fixed  assignment  techniques,  consists 
of  those  techniques  which  allocate  the  channel  bandwidth  to 
the  users  in  a  static  fashion,  independently  of  their  activity. 
The  second  class  is  that  of  random  access  techniques.  In  this 
class  the  entire  bandwidth  is  provided  to  the  users  as  a  single 
channel  to  be  accessed  randomly;  since  collisions  may  result 
which  degrade  the  performance  of  the  channel,  improved 
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performance  can  be  achieved  by  either  synchronizing  users  so 
that  their  transmissions  coincide  with  the  boundaries  of  time 
slots,  by  sensing  carrier  prior  to  transmission,  or  both.  The 
third  and  fourth  classes  correspond  to  demand  assignment 
techniques.  Demand  assignment  techniques  require  that  ex¬ 
plicit  control  information  regarding  the  users’  need  for  the 
communication  resource  be  exchanged.  A  distinction  is  made 
between  those  techniques  in  which  the  decision-making  is 
centralized  (constituting  the  third  class  in  question),  and  those 
techniques  in  which  all  users  individually  execute  a  distributed 
algorithm  based  on  control  information  exchanged  among 
them.  The  latter  constitute  the  fourth  class.  The  fifth  class, 
labeled  adaptive  strategies  and  mixed  modes,  includes  those 
techniques  which  consist  of  a  mixture  of  several  distinct 
modes,  and  those  strategies  in  which  the  choice  of  an  access 
scheme  is  itself  adaptive  to  the  varying  need,  in  the  hope  that 
near-optimum  performance  will  be  achieved  at  all  times. 

We  describe  here  the  various  protocols  known  today, 
either  implemented  or  proposed,  and  discuss  their  perform¬ 
ance  and  applicability  to  the  different  environments  intro¬ 
duced  in  Section  1.  For  this  we  consider  the  (conceptually) 
simplest  situation  consisting  of  M  users  wishing  to  communi¬ 
cate  over  a  channel.  This  situation  arises  typically  in  a  satellite 
communication  environment  or  in  a  single-hop  ground  radio 
environment. 

A.  Fixed  Assignment  Techniques 

Fixed  assignment  techniques  consist  of  allocating  the 
channel  to  the  user,  independently  of  their  activity,  by  par¬ 
titioning  the  time-bandwidth  space  into  slots Vhich  are  assigned 
in  a  static  predetermined  fashion.  These  techniques  take  two 
common  forms:  orthogonal,  such  as  frequency  division  multi¬ 
ple  access  (FDMA)  or  synchronous '  time  division  multiple 
access  (TDMA),  and  “quasi-orthogonal"  such  as  code  division 
multiple  access  (CDMA). 

1  )FDMA  and  TDMA:  FDMA  consists  of  assigning  to  each 
user  a  fraction  of  the  bandwidth  and  confining  its  access  to 
the  allocated  subband.  Orthogonality  is  achieved  in  the  fre¬ 
quency  domain.  FDMA  is  relatively  simple  to  implement  and 
requires  no  real  time  coordination  among  the  users. 

TDMA  consists  of  assigning  fixed  predetermined  channel 
time  slots  to  each  user;  the  user  has  access  to  the  entire  channel 
bandwith,  but  only  during  its  allocated  slots.  Here,  signaling 
waveforms  are  orthogonal  in  time. 

In  the  author’s  opinion,  a  number  of  disadvantages  exist 
for  FDMA  when  compared  to  TDMA.  FDMA  wastes  a  fraction 
of  the  bandwidth  to  achieve  adequate  frequency  separation. 
FDMA  is  also  characterized  by  a  lack  of  flexibility  in  per¬ 
forming  changes  in  the  allocation  of  the  bandwidth  and 
certainly  the  lack  of  broadcast  operation.  The  major  disad¬ 
vantages  in  TDMA  are  the  need  to  provide  A/D  converters 
for  overlap  traffic  such  as  voice,  and  rapid  burst  synchro¬ 
nization  and  sufficient  burst  separation  to  avoid  time  over¬ 
lap.  However,  it  has  been  shown  that  guard  bands  of  less  than 
200  ns  are  achievable  (as  in  INTELSAT’s  MAT-1  TDMA 
system,  for  example)  and  many  operational  systems  are 
moving  towards  the  use  of  TDMA  (16).  Timing  at  an  earth 
station  is  provided  by  a  global  time  reference  established 


either  explicitly  by  a  reference  station,  or  implicitly  by  meas¬ 
urement  of  the  propagation  delay  from  the  earth  station  to  the 
transponder.  In  order  to  allow  the  TDMA  modems  to  acquire 
frequency,  phase,  bit  timing  and  bit  framing  synchronization 
for  each  received  burst,  a  preamble  is  included  in  front  of 
each  burst  requiring  typically  from  100  to  200  bit  times. 
Thus  clearly,  TDMA  is  more  complex  to  implement  than 
FDMA,  but  an  important  advantage  is  the  connectivity  which 
results  from  the  fact  that  all  receivers  listen  to  the  same 
channel  while  senders  transmit  on  the  same  common  channel 
at  different  times.  Accordingly,  many  network  realizations, 
both  in  ground  and  satellite  environments,  are  easier  to 
accomplish  [12] ,  [14] . 

From  the  performance  standpoint  it  has  also  been  estab¬ 
lished  that  TDMA  is  superior  to  FDMA  in  many  cases  of 
practical  interest.  I.  Rubin  has  shown  that  the  random  variable 
representing  packet  delay  is  always  larger  in  FDMA  than  in 
TDMA  [17]  for  comparable  systems.  Lam  derived  the  average 
message  delay  for  a  TDMA  system  with  multipacket  messages 
and  a  nonpreemptive  priority  queue  discipline  [18],  There, 
too,  it  was  shown  that  TDMA  is  superior  to  FDMA. 

For  both  FDMA  and  TDMA,  the  fixed  preallocation  of 
the  frequency  or  time  resource  does  not  have  to  be  equal  for 
all  users,  but  can  be  tailored  to  fit  their  needs  (assumed 
constant).  Kosovych  studied  two  TDMA  implementations 
[19] .  In  the  first,  called  contiguous  assignment,  the  users  are 
cyclically  ordered  in  the  time  sequence  in  which  they  have 
access  to  the  channel.  Each  user  is  periodically  assigned  its 
own  fixed  time  duration.  In  the  second  implementation, 
called  distributed  allocation,  all  access  periods  are  of  equal 
time  duration,  but  the  frequency  of  accesses  can  be  different 
from  one  user  to  the  other.  It  was  shown  that  for  situations 
in  which  the  transmission  overhead  (defined  as  guard  time  and 
synchronization  preamble  time)  is  large,  the  contiguous  fixed 
assignment  implementation  is  better  suited  and  provides 
substantially  better  performance  than  distributed  fixed  assign¬ 
ments,  while  when  the  transmission  overhead  is  small,  distrib¬ 
uted  fixed  assignments  provide  slightly  better  performance. 

Finally  we  note  that,  even  though  the  allocation  can  be 
tailored  to  the  relative  need  of  each  user,  fixed  allocation  can 
be  wasteful  if  the  users’  demand  is  highly  bursty,  as  we  shall 
explicitly  see  in  the  sequel.  Given  these  limitations,  one  may 
increase  the  channel  utilization  beyond  FDMA  and  TDMA  by 
using  asynchronous  time  division  multiple  access  (ATDMA). 
also  known  as  statistical  multiplexing  [70] .  Basically  the 
technique  consists  of  switching  the  allocation  of  the  channel 
from  one  user  to  another  only  when  the  former  is  idle  and  the 
latter  is  ready  to  transmit  data.  Thus  the  channel  is  dynamically 
allocated  to  the  various  users  according  to  their  need.  The 
performance  of  ATDMA  in  packet  communication  systems 
corresponds  to  that  of  a  work-conserving  single  server  queueing 
system,  and  is  the  best  we  can  achieve  under  unpredictable 
demand.  Unfortunately,  it  is  not  always  possible  to  accomplish 
the  necessary  coordination  among  the  users.  This  mode  of 
multiplexing  is  possible  only  when  several  colocated  users 
(such  as  at  the  same  earth  station)  are  sharing  a  single  point-to- 
point  channel. 

2)  CDMA  Unlike  FDMA  and  TDMA,  code  division  multi- 
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pie  access  allows  overlap  in  transmission  both  in  the  frequency 
and  time  coordinates.  It  achieves  orthogonality  by  the  use  ot 
different  signaling  codes  in  conjunction  with  matched  filters 
(or  equivalently,  correlation  detection)  at  the  intended  re¬ 
ceivers.  Multiple  orthogonal  codes  are  obtained  at  the  expense 
of  increased  bandwidth  requirements  (in  order  to  spread  the 
waveforms);  this  also  results  in  a  lack  of  flexibility  in  inter¬ 
connecting  all  users  (unless,  of  course,  matched  filters  corre¬ 
sponding  to  all  codes  are  provided  at  all  receivers).  However. 
CDMA  has  the  advantage  of  allowing  the  coexistence  ot 
several  systems  in  the  same  band,  as  long  as  different  codes 
are  used  for  different  systems.  Moreover,  it  is  also  possible 
to  separate,  by  “capture,"  time  overlapping  signaling  wave¬ 
forms  with  the  same  code,  thus  achieving  connectivity  and 
efficient  spectrum  utilization.  This  interesting  possibility  falls 
into  the  class  of  random  access  techniques  and  is  addressed 
in  the  following  subsection. 

B  Random  Access  Techniques 

In  computer  communication,  much  data  traffic  is  charac¬ 
terized  as  bursty  e.g..  interactive  terminal  traffic.  Burstiness 
is  a  result  of  the  high  degree  of  randomness  seen  in  the  mes¬ 
sage  generation  time  and  size,  and  of  the  relatively  low-delay 
constraint  required  by  the  user.  If  one  were  to  observe  the 
user's  behavior  over  a  period  of  time,  one  would  see  that  the 
user  requires  the  communications  resources  rather  infre¬ 
quently;  but  when  he  does,  he  requires  a  rapid  response. 
That  is.  there  is  an  inherently  large  peak-to-average  ratio  in 
the  required  data  transmission  rate.  If  fixed  subchannel 
allocation  schemes  are  used,  then  one  must  assign  enough 
capacity  to  each  subscriber  to  meet  his  peak  transmission 
rates  with  the  consequence  that  the  resulting  channel  utiliza¬ 
tion  is  low.  A  more  advantageous  approach  is  to  provide  a 
single  sharable  high-speed  channel  to  the  large  number  ol 
users.  The  strong  law  of  large  numbers  then  guarantees  that, 
with  a  very  high  probability,  the  demand  at  any  instant  will 
be  approximately  equal  to  the  sum  of  the  average  demands  ot 
that  population.  As  stated  in  the  introduction,  packet  com¬ 
munication  is  a  natural  means  to  achieve  sharing  of  the  com¬ 
mon  channel.  When  dealing  with  shared  channels  in  a  packet- 
switched  mode,  one  must  be  prepared  to  resolve  conflicts 
which  arise  when  more  than  one  demand  is  placed  upon  the 
channel.  For  example,  in  packet-switched  radio  channels, 
whenever  a  portion  of  one  user's  transmission  overlaps  with 
another  user's  transmission,  the  two  collide  and  "destroy” 
each  other  (unless  a  code  division  multiple-access  scheme  is 
used).  The  existence  of  some  positive  acknowledgment  scheme 
permits  the  transmitter  to  determine  if  his  transmission  is 
successful  or  not.  The  problem  is  how  to  control  the  access 
to  the  common  channel  in  a  fashion  which  produces,  under 
the  physical  constraints  of  simplicity  and  hardware  imple¬ 
mentation.  an  acceptable  level  of  performance.  The  difficulty 
in  controlling  a  channel  which  must  carry  its  own  control 
information  has  given  rise  to  the  so-called  random-access 
protocols,  among  others.  We  describe  these  here  by  con¬ 
sidering  again  single-hop  environments. 

1) ALOHA  [20] -[22]  Historically,  the  pure  ALOHA 
protocol  was  first  used  in  the  ALOHA  system,  a  single-hop 


ieriiiin.il  access  network  developed  in  1970  at  the  University 
of  Hawaii,  employing  packet-switching  on  a  radio  channel 
[II],  [ 20 1 .  The  simplest  of  its  kind,  pure  ALOHA  permits  a 
user  to  transmit  any  time  it  desires.  If  they  do  so. and  within 
some  appropriate  time-out  period  it  receives  an  acknowledg¬ 
ment  from  the  destination  (the  central  computer),  then  it 
knows  that  no  conflict  occurred.  Otherwise  it  assumes  that  a 
collision  occurred  and  it  must  retransmit.  To  avoid  contin¬ 
uously  repeated  conflicts,  the  retransmission  delay  is  random¬ 
ized  across  the  transmitting  devices,  thus  spreading  the  retry 
packets  over  time.  A  slotted  version,  referred  to  as  slotted 
ALOHA ,  is  obtained  by  dividing  time  into  slots  of  duration 
equal  to  the  transmission  time  of  a  single  packet  (assuming 
constant-length  packets) [ 21].  [22].  Lach  user  is  required  to 
synchronize  the  start  of  transmission  of  its  packets  to  co¬ 
incide  with  the  slot  boundary  When  two  packets  conflict, 
they  will  overlap  completely  rather  than  partially,  providing 
an  increase  in  channel  efficiency  over  pure  ALOHA.  Due  to 
conflicts  and  idle  channel  time,  the  maximum  channel  effi¬ 
ciency  available  using  ALOHA  is  less  than  100  percent.  1  8  per¬ 
cent  for  pure  ALOHA  and  36  percent  for  sloted  ALOHA. 
Both  schemes  are  theoretically  applicable  to  satellite,  ground 
radio  and  local  bus  environments.  The  slotted  version  has  the 
advantage  of  efficiency,  but  in  multihop  ground  radio,  it  has 
the  disadvantage  that  sy  nchronization  may  be  hard  to  achieve. 

Although  the  maximum  achievable  channel  utilization  is 
low.  the  ALOHA  schemes  are  superior  to  fixed  assignment 
schemes  when  there  is  a  large  population  of  bursty  users. 
This  point  is  illustrated  in  comparing  the  performance  of 
FDMA  with  that  of  slotted  ALOHA  when  M  users,  each  of 
which  generates  packets  at  a  rate  of  \  packets  per  second, 
share  a  radio  channel  of  W-Hz  [23].  Figs.  1  and  2  display 
the  constant  delay  contours  in  the  (M,  A)  and  (W,  A)  planes, 
respectively,  showing  the  important  improvement  gained  in 
terms  of  bandwidth  required,  population  size  supported,  and 
delay  achieved  when  the  users  are  bursty. 

l)Carrier  Sense  Multiple  Access  (CSMA)  [24] .  [25/:  In 
ground  radio  environments  the  channel  can  be  characterized 
as  wideband  with  a  propagation  delay  between  any  source- 
destination  pair  that  is  small  compared  to  the  packet  trans¬ 
mission  time.  In  such  an  environment  one  may  attempt  to 
avoid  collisions  by  listening  to  the  carrier  due  to  another 
user  s  transmission  before  transmitting,  and  inhibiting  trans¬ 
mission  if  the  channel  is  sensed  busy.  This  feature  gives  rise  to 
a  random  access  scheme  known  as  carrier  sense  multiple 
access  (CSMA)  [24],  [25].  While  in  the  ALOHA  scheme 
only  one  action  could  be  taken  by  the  terminals,  namely,  to 
transmit  here  many  strategies  are  possible  so  that  many 
CSMA  protocols  exist  differing  according  to  action  that  a 
terminal  takes  to  transmit  a  packet  after  sensing  the  channel. 
In  all  cases,  however,  when  a  terminal  learns  that  its  trans¬ 
mission  had  incurred  a  collision,  it  reschedules  the  trans¬ 
mission  of  the  packet  according  to  the  randomly  distributed 
delay  At  this  new  point  in  time,  the  transmitter  senses  the 
channel  again  and  repeats  the  algorithm  dictated  by  the 
protocol.  There  are  two  main  CSMA  protocols  known  as 
nunpersistent  and  p-persistent  CSMA  depending  on  whether 
the  transmission  by  a  station  which  finds  the  channel  busy 
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Fig.  1.  FDMA  and  slotted  ALOHA  access:  performance  with  100 
kbits/s  bandwidth  and  1000  bit  packets  [23 1 . 


Fig.  2.  FDMA  and  slotted  ALOHA  random  access:  bandwidth  require¬ 
ments  for  1000  terminals.  Contours  are  for  constant  delay  [23] . 

is  to  occur  later  or  immediately  following  the  current  one 
with  probability  p.  Many  variants  and  modifications  of 
these  two  schemes  have  also  been  proposed.  Thus,  in  non- 
persistent  CSMA,  a  ready  terminal  senses  the  channel  and 
operates  as  follows: 

1)  If  the  channel  is  sensed  idle,  it  transmits  the  packet. 

2)  If  the  channel  is  sensed  busy,  then  the  terminal  schedules 
the  retransmission  of  the  packet  to  some  later  time  according 
to  the  retransmission  delay  distribution.  At  this  new  point  in 
time,  it  senses  the  channel  and  repeats  the  algorithm  described. 

The  1-persistent  CSMA  protocol,  a  special  case  of  p- per¬ 
sistent  CSMA,  was  devised  in  order  to  (presumably)  achieve 
acceptable  throughput  by  never  letting  the  channel  go  idle  if 
some  ready  terminal  is  available.  More  precisely,  a  ready 
terminal  senses  the  channel  and  operates  as  follows: 

1 )  If  the  channel  is  sensed  idle,  it  transmits  the  packet 
with  probability  one. 


2)  If  the  channel  is  sensed  busy,  it  waits  until  the  channel 
goes  idle  and  then  immediately  transmits  the  packet  with 
probability  one  (i.e.,  persisting  on  transmitting  with  p  =  1 ). 

A  slotted  version  of  these  CSMA  protocols  can  also  be 
considered  in  which  the  time  axis  is  slotted  and  the  slot  size 
is  t  s  where  r  is  the  maximum  propagation  delay  among  all 
pairs.  Note  that  this  definition  of  a  slot  is  different  from  that 
used  in  the  description  of  slotted  ALOHA.  Here  a  packet 
transmission  time  is  equivalent  to  several  slots.  We  make  this 
distinction  by  referring  to  a  slot  of  size  r  s  as  a  “minislot.” 

All  terminals  are  synchronized  and  are  forced  to  start  trans¬ 
mission  only  at  the  beginning  of  a  minislot.  When  a  packet’s 
arrival  occurs  in  a  minislot,  the  terminal  waits  until  the  next 
minislot  boundary  and  operates  according  to  the  protocols 
described  above. 

In  the  case  of  a  I -persistent  CSMA,  we  note  that  whenever 
two  or  more  terminals  become  ready  during  a  packet  trans¬ 
mission  period,  they  wait  for  the  channel  to  become  idle  (at 
the  end  of  that  transmission)  and  then  they  all  transmit  with 
probability  one.  A  conflict  will  also  occur  with  probability 
one.  The  idea  of  randomizing  the  starting  time  of  transmission 
of  packets  accumulating  at  the  end  of  a  transmission  period 
seems  reasonable  for  interference  reduction  and  throughput 
improvement.  Thus  we  have  the  p-persistent  scheme  which 
involves  including  an  additional  parameter  p,  the  probability 
that  a  ready  packet  persists  (1  -  p  being  the  probability  of 
delaying  transmission  by  r  seconds,  the  propagation  delay). 
The  parameter  p  is  chosen  to  reduce  the  level  of  interference 
while  keeping  the  idle  periods  between  any  two  consecutive 
nonoverlapped  transmission  as  small  as  possible. 

More  precisely,  the  p-persistent  CSMA  protocol  consists 
of  the  following:  the  time  axis  is  minislotted  and  the  system 
is  synchronized  such  that  all  terminals  begin  their  transmission 
at  the  beginning  of  a  minislot.  If  a  ready  terminal  senses  the 
channel  idle,  then  with  probability  p,  the  terminal  transmits 
the  packet;  and  with  probability  1  -  p,  the  terminal  delays 
the  transmission  of  the  packet  by  r  seconds  (i.e.,  one  mini¬ 
slot).  If  at  this  new  point  in  time,  the  channel  is  still  detected 
idle,  the  same  process  is  repeated.  Otherwise  some  packet 
must  have  started  transmission,  and  the  terminal  in  question 
schedules  the  retransmission  of  the  packet  according  to  the 
retransmission  delay  distribution  (i.e.,  acts  as  if  it  had  con¬ 
flicted  and  learned  about  the  conflict).  If  the  ready  terminal 
senses  the  channel  busy,  it  waits  until  it  becomes  idle  (at  the 
end  of  the  current  transmission)  and  then  operates  as  above. 

Packet  broadcasting  technology  has  also  been  shown  to  be 
very  effective  in  satisfying  many  local  area  in-building 
communication  requirements.  A  prominent  example  is 
ETHERNET,  a  local  communication  network  which  uses 
CSMA  on  a  tapped  coaxial  cable  to  which  all  the  commu¬ 
nicating  devices  are  connected  [5).  The  device  connection 
interface  is  a  passive  cable  tap  so  that  failure  of  an  interface 
does  not  prevent  communication  among  the  remaining  devices. 
The  use  of  a  single  coaxial  cable  achieves  broadcast  commu¬ 
nication.  The  only  difference  between  this  and  the  single-hop 
radio  is  that,  in  addition  to  sensing  carrier,  it  is  possible  for  ! 
the  transceivers,  when  they  detect  interference  among  several 
transmissions  (including  their  own),  to  abort  the  transmission 
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Fig.  3.  Throughput  for  the  various  random  access  modes  (propaga¬ 
tion  delay  a  =  0.01  >  [  24 1 . 


of  colliding  packets.  This  is  achieved  by  having  each  trans¬ 
mitting  device  compare  the  bit  stream  it  is  transmitting  to  the 
bit  stream  it  sees  on  the  channel.  This  variation  of  CSMA  is 
referred  to  as  carrier  sense  multiple  access  with  collision  de¬ 
tection  (CSMA-CD)  [26] . 

3)  Performance  of  Random  Access:  Many  theoretical 
studies  have  been  carried  out  to  determine  the  performance 
of  these  random  access  schemes  [20] -[22],  [24] -[29].  We 
summarize  here  the  most  important  results.  Let  S  denote  the 
aggregate  rate  of  packet  generation  from  the  entire  popula¬ 
tion  of  users,  G  the  rate  of  packet  transmissions  (new  and 
repeated,  hence  G  >  5).  and  D  the  packet  delay  (defined 
as  the  time  elapsed  between  the  time  that  the  packet  is  orig¬ 
inated  and  the  time  it  is  successfully  received  at  the  destina¬ 
tion),  all  normalized  to  the  (fixed)  packet  transmission  time 
T.  Analytic  and  simulation  models  provide  us,  for  each 
random  access  scheme,  with  a  relationship  between  5  and  G 
(displayed  in  Fig.  3),  and  the  throughput  delay  tradeoff 
(displayed  in  Fig.  4)  for  a  normalized  propagation  delay 
a  -  t/T  —  0.01.  We  note  that  the  behavior  of  these  schemes 
is  typical  of  contention  systems,  namely  that  the  through¬ 
put  increases  as  the  offered  channel  traffic  increases  from 
zero,  but  reaches  a  maximum  value  for  some  optimum 
value  of  G.  and  then  constantly  decreases  as  G  increases 
beyond  that  optimal  value.  Maximizing  S  with  respect  to  the 
channel  traffic  rate  G  for  each  of  the  access  modes  leads  to 
the  channel  capacity  for  that  mode.  From  Fig.  4  we  clearly 
note  that  D  increases  as  the  throughput  increases,  and  reaches 
infinite  values  as  the  throughput  approaches  the  channel 
capacity.  These  results  show  the  evident  superiority  of  CSMA 
over  the  ALOHA  scheme.  The  CSMA  channel  capacity  in  some 
cases  may  be  as  high  as  90  percent  of  the  available  bandwidth. 
It  is  clear  however  that,  as  expected,  the  channel  capacity 
and  the  throughput-delay  tradeoff  for  the  CSMA  schemes 
degrade  as  the  normalized  propagation  delay  (a  =  r/7")  in¬ 
creases.  Fig.  5  illustrates  the  sensitivity  of  the  channel  capacity 
to  a. 
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Fig.  4  CSMA  and  ALOHA,  throughput-delay  tradeoffs  from  simula¬ 
tion  (propagation  delay  a  =  0.01)  1 24  ] . 

CSMA-CD  offers  even  more  improvement.  A  system  param¬ 
eter  affecting  this  improvement  is  the  time  required  to  detect 
collisions  and  abort  ongoing  colliding  transmissions.  We  denote 
this  time  by  (7  <  T).  The  smaller  7,  the  better  the  improve¬ 
ment  is.  This  is  illustrated  in  Fig.  6  where  we  plot  the  channel 
capacity  for  nonpersistent  CSMA  versus  7  for  various  packet 
lengths  (both  expressed  in  units  of  t,  the  propagation  delay). 
For  larger  T,  CSMA  provides  relatively  high  channel  capacity 
and  thus  leaves  little  margin  for  improvement;  but  for  small  T 
(e.g„  T  =  10  times  the  maximum  propagation  delay  on  the 
broadcast  bus),  the  relative  improvement  is  more  important  (it 
is  about  1 6  percent  when  7  is  just  equal  to  the  round  trip  delay). 
We  also  illustrate  the  improvement  due  to  collision  detection 
by  showing  packet  delay  versus  7  for  fixed  channel  throughput 
S  in  Fig.  7.  Here,  the  higher  the  throughput  is,  the  more  signif¬ 
icant  is  the  improvement. 
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Fig.  5.  CSMA  and  ALOHA:  effect  of  propagation  delays  on  channel 
capacity  (24| . 


Fig.  6.  Channel  capacity  versus  7  in  nonpersistent  CSMA-CD.  T  = 
packet  transmission  time  ( 26 1 . 


The  results  displayed  in  the  above  figures  have  two  impor¬ 
tant  assumed  conditions,  namely  1)  acknowledgments  are 
instantaneous,  always  received  correctly  and  for  free  (i.e .,  do 
not  occupy  any  channel  time),  and  2)  all  devices  are  within 
range  and  in  line-of-sight  of  each  other  so  that  sensing  of  all 
transmissions  on  the  channel  is  perfect.  While  Condition  1) 
is  relevant  to  both  ALOHA  and  CSMA,  Condition  2)  is  mostly 
relevant  to  CSMA.  We  discuss  these  issues  in  the  following. 

4)  Acknowledgment  Procedures  and  Their  Effect'.  Basically, 
errors  in  multiaccess  radio  channels  are  due  to  two  major 
causes:  1)  random  noise  on  the  radio  channel  and  2)  multi¬ 
use  interference  in  the  form  of  overlapping  packets.  A  very 
reliable  method  ensuring  the  integrity  of  the  transmitted 
data,  is  the  use  of  an  error  detecting  (e.g.,  cyclic)  block  code  in 
conjunction  with  a  positive  acknowledgment  of  each  correctly 
received  message.  Each  packet  contains  a  field  for  the  cyclic 
checksum  in  its  header.  Each  receiver  responds  to  a  complete 
packet  addressed  to  it  with  a  correct  checksum  by  having  the 


Fig.  7.  Packet  delay  in  nonpersistent  CSMA-CD  at  fixed  throughput 
versus  collision  recovery  time  7  1 26 ] . 

destination  device  transmit  an  acknowledgment  packet  back 
to  the  originating  terminal.  This  acknowledgment  contains 
(among  other  things)  the  unique  identification  of  the  orig¬ 
inating  terminal  along  with  a  checksum  to  ensure  the  integrity 
of  the  acknowledgment  packet  itself. 

It  is  all  too  evident  that  acknowledgments  will  use  part  of 
the  total  available  bandwidth  (our  limited  resource).  The 
amount  of  overhead  introduced,  as  well  as  the  degradation  in 
delay  incurred,  varies  with  the  mode  of  operation.  When  the 
available  bandwidth  is  provided  as  a  single  channel  to  be 
shared  by  both  information  and  acknowledgment  packets, 
then  the  channel  performance  will  further  suffer  from  inter-  1 
ference  between  information  packets  and  acknowledgment  I 
packets  unless  some  kind  of  priority  scheme  is  provided. 
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Fig  8  Complementary  couple  configuration:  channel  capacity  versus 
a,  the  relative  sizes  of  the  two  decoupled  populations  [28) . 


The  degradation  in  channel  capacity  due  to  the  overhead 
created  by  the  error  control  traffic  has  been  studied  in  [30] . 
It  has  been  shown  that,  in  a  common-channel  configuration 
with  nonpriority  acknowledgment  traffic,  the  channel  capacity 
of  slotted  ALOHA  drops  to  14  percent  of  the  channel  band¬ 
width.  However,  if  by  some  means  acknowledgment  traffic 
can  be  given  priority  so  as  to  guarantee  its  transmission  free-of- 
conflict,  then  the  channel  capacity  for  slotted  ALOHA  can  be 
maintained  at  around  26  percent  (assuming  here  that  an 
acknowledgment  packet  uses  an  entire  slot).  The  effect  of 
acknowledgment  traffic  on  CSMA  channels  need  not  be  as 
dramatic  since  it  is  very  simple  to  implement  schemes  which 
give  priority  to  acknowledgment  packets.  One  mode  of  opera¬ 
tion  is  as  follows  [30] 

1 )  If  a  terminal,  with  a  packet  ready  for  transmission, 
senses  the  channel  idle,  then  the  terminal  transmits  its  packet 
t  seconds  (the  propagation  delay)  later  if  and  only  if  the 
channel  is  still  sensed  idle. 

2)  If  such  a  terminal  senses  the  channel  busy,  then  it 
follows  the  protocol  in  question  (nonpersistent,  I -persistent....) 
repeating  step  1 )  whenever  the  channel  is  sensed  idle. 

3)  All  acknowledgment  packets  are  transmitted  immediately, 
without  incurring  the  r  seconds  delay. 

The  capacity  of  the  nonpersistent  CSMA  protocol  with 
priority  acknowledgment  and  a  —  0.01  drops  gradually  from 
0.85  to  about  0.45  as  the  acknowledgment  packet  size  in¬ 
creases  from  0  to  a  full  packet  size 

5)  The  Hidden  Terminal  Problem  in  CSMA  and  the  Busy- 
Tone  Multiple  Access  (BTMAj  (28/  We  now  relax  the  as¬ 
sumption  that  all  users  are  in  line-of-sight  and  within  range  of 
each  other.  Typically,  two  terminals  can  be  within  range  of 
the  intended  receiver,  but  out-of-range  of  each  other  or 
separated  by  some  physical  obstacle  opaque  to  radio  signals. 
The  existence  of  hidden  terminals  in  a  radio  environment 


significantly  degrades  the  performance  of  CSMA.  To  illustrate 
this  effect,  consider  a  population  of  users,  each  of  which  is 
communicating  with  a  central  station.  This  station  is  in  line  of 
sight  communication  with  the  entire  population,  but  this 
population  is  divided  into  two  groups  (of  relative  sizes  a 
and  1  -  a)  such  that  the  radio  connectivity  exists  only  be¬ 
tween  users  in  the  same  group.  Fig.  8  displays  the  CSMA 
channel  capacity  versus  a,  showing  that  the  channel  capacity 
drops  drastically  as  q  increases  from  0  and  reaches  a  minimum 
at  a  =  0.5  [28]. 

Fortunately,  in  environments  where  all  users  commu¬ 
nicate  with  a  single  central  station  such  as  in  the  ALOHA 
system,  the  hidden-terminal  problem  can  be  eliminated  by 
frequency  dividing  the  available  bandwidth  into  two  separate 
channels:  a  busy-tone  channel  and  a  message  channel,  thus 
giving  rise  to  so  called  busy-tone  multiple  access  (BTMA). 
The  operation  of  BTMA  rests  on  the  fact  that,  by  definition, 
there  exists  a  central  station  which  is  within  range  and  in  line 
of  sight  of  all  users.  As  long  as  the  central  station  senses 
carrier  on  the  message  channel  it  transmits  a  (sine  wave)  busy- 
tone  signal  on  the  busy-tone  channel.  It  is  by  sensing  carrier 
on  the  busy-tone  channel  that  the  users'  terminals  determine 
the  state  of  the  message  channel.  The  action  that  a  terminal 
takes  pertaining  to  the  transmission  of  the  packet  is  again 
prescribed  by  the  particular  protocol  being  used. 

In  CSMA.  the  difficulty  of  detecting  the  presence  of  a 
signal  on  the  message  channel  when  this  message  occupies 
the  entire  bandwidth  is  minor  and  is  therefore  neglected. 
This  is  not  realistic  when  we  are  concerned  with  the  (statistical) 
detection  of  the  (sine  wave)  busy  tone  signal  on  a  narrow- 
band  channel.  In  BTMA,  the  system's  design  involves  a  more 
complex  set  of  system  variables,  namely  the  window  detection 
time,  the  false  alarm  probability  F,  and  the  fraction  of  band¬ 
width  devoted  to  the  busy-tone  signal.  For  a  detailed  analysis 
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Fig.  9.  BTMA:  throughput-delay  tradeoffs  (propagation  delay  a  = 
0.01,  F*  false  alarm  probability)  ( 28 ) . 

of  this  scheme,  the  reader  is  referred  to  [28] .  Fig.  9  displays 
the  throughput-delay  tradeoff  for  BTMA  in  comparison  to 
CSMA  with  no  hidden  terminals,  showing  the  relatively  good 
performance  of  BTMA. 

6)  Dynamic  Behavior  and  Dynamic  Control  of  Random 
Access  Schemes :  The  performance  results  reported  upon 
above  were  based  on  renewal  theory  and  probabilistic  argu¬ 
ments,  assuming  that  steady-state  conditions  exist.  If  one 
examines  in  more  detail  the  ( S ,  G )  relationships  displayed 
above,  one  can  see  that  the  steady-state  may  not  exist  because 
of  an  inherent  instability  of  these  random-access  techniques. 
This  instability  is  simply  explained  by  the  fact  that  statistical 
fluctuations  in  the  offered  traffic  increase  the  level  of  mutual 
interference  among  transmissions  which  in  turn  increases 
total  G  which  increases  the  frequency  of  collisions,  and  so 
forth.  Such  positive  feedback  causes  the  throughput  to  de¬ 
crease  to  very  low  values.  Extensive  simulation  runs  performed 
on  a  slotted  ALOHA  channel  with  an  infinite  population  of 
users  have  indeed  shown  that  the  assumption  of  channel 
equilibrium  is  not  strictly  speaking  valid;  in  fact  after  some 
finite  period  of  quasi-stationary  conditions,  the  channel  will 
drift  into  saturation  with  probability  one  [31],  Thus  a  more 
accurate  measure  of  channel  performance  must  reflect  the 
tradeoffs  among  stability,  throughput,  and  delay.  To  that 
effect,  Markov  models  have  been  formulated  to  analyze 
slotted  ALOHA  and  CSMA  when  M  interactive  users  contend 
for  the  channel  [3 1  ]  -[34] .  These  models  permit  one  not  only 
to  derive  analytic  expressions  for  the  average  throughput- 


delay  performance,  but  also  to  understand  the  dynamic 
behavior  of  these  systems.  In  particular,  it  was  observed  that 
even  in  a  finite  population  environment,  if  the  retransmission 
delay  is  not  sufficiently  large,  then  the  stationary  performance 
attained  is  significantly  degraded  (low  throughput,  very  high 
delay),  so  that,  for  all  practical  purposes,  the  channel  is  said 
to  have  failed;  it  is  then  called  an  unstable  channel.  With  an 
infinite  population,  stationary  conditions  just  do  not  exist; 
the  channel  is  always  unstable,  thus  confirming  the  results 
obtained  from  simulation,  as  just  discussed.  For  unstable 
channels,  Kleinrock  and  Lam  [32]  defined  a  stability  measure 
which  consists  of  the  average  time  the  system  takes,  starting 
from  an  empty  channel,  to  reach  a  state  determined  to  be 
critical.  In  fact,  this  critical  state  partitions  the  state  space 
into  two  regions:  a  safe  region,  and  an  unsafe  region  in  which 
the  tendency  is  towards  degraded  performance.  The  stability 
measure  is  the  average  first  exit  time  (FET)  into  the  unsafe 
region.  As  long  as  the  system  operates  in  the  safe  region,  the 
channel  performance  is  acceptable;  but  then,  of  course,  it  is 
only  usable  over  a  finite  period  of  time  with  an  average  equal 
to  FET.  For  more  details  concerning  the  determination  of 
FET  and  the  numerical  results,  the  reader  is  referred  to  [32], 
[33], 

In  the  above  discussion,  it  was  furthermore  assumed  that 
the  system  parameters  were  all  fixed,  time  invariant,  and  state- 
independent.  These  systems  are  referred  to  as  static.  It  is  often 
advantageous  to  design  systems  that  dynamically  adapt  to 
time-varying  input  and  to  system  state  changes,  thus  providing 
improved  performance.  Dynamic  adaptability  is  achieved  via 
dynamic  control  consisting  of  time  and  state  dependent 
parameters.  The  basic  problem  then  is  to  find  the  control 
functions  which  provide  the  best  system  performance.  Markov 
decision  theory  has  successfully  been  applied  by  Lam  and 
Kleinrock  to  the  design  and  analysis  of  control  procedures 
suitable  to  slotted  ALOHA  in  particular  and  random-access 
techniques  in  general  [35].  Two  main  types  of  control  are 
proposed,  an  input  control  procedure  (ICP)  consisting  of 
either  accepting  or  rejecting  all  new  packets  generated  in  the 
current  slot,  and  a  retransmission  control  procedure  (RCP) 
consisting  of  selecting  a  retransmission  delay;  in  both  cases 
the  action  taken  is  a  function  of  the  current  system  state, 
defined  3S  the  number  of  active  users  with  outstanding  packets. 
In  order  to  implement  such  control  schemes,  each  channel 
user  must  individually  estimate  the  channel  state  by  observing 
the  channel  outcome  over  some  period  of  time.  The  control  is 
of  a  distributed  nature,  as  there  is  no  central  station  monitoring 
and  broadcasting  state  information  or  control  actions.  In  the 
context  of  slotted  ALOHA,  Lam  and  Kleinrock  give  some 
heuristic  control-estimation  algorithms  which  prove  to  be 
very  satisfactory  [35],  With  appropriate  modification  and 
extensions,  these  algorithms  can  be  applied  to  CSMA  channels 
as  well.  These  algorithms  are  best  suited  to  fully  connected 
single-hop  type  environments.  The  dynamic  control  problem 
in  multihop  environments  is  more  complex  and  little  progress 
has  yet  been  made  in  this  area. 

7 )  Capture.  In  the  preceding  discussions  it  was  assumed 
that  whenever  two  packet  transmissions  overlap  in  time, 
these  packets  destroy  each  other.  This  assumption  is  pessi- 
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mistic  as  it  neglects  capture  effects  in  radio  channels.  Capture 
can  be  defined  as  the  ability  for  a  receiver  to  successfully 
receive  a  packet  (with  nonzero  probability)  although  it  is 
partially  or  totally  overlapped  by  another  packet  transmission. 
Capture  is  mainly  due  to  a  discrepancy  in  receive  power 
between  two  signals  allowing  the  receiver  to  correctly  receive 
the  stronger;  both  distance  and  transmit  power  contribute 
to  this  discrepancy.  Clearly  capture  improves  the  overall 
network  performance,  and,  by  the  means  of  adaptive  transmit 
power  control,  it  allows  one  to  achieve  either  fairness  to  all 
users,  or  intentional  discrimination.  Some  of  these  effects 
have  been  addressed  in  (27],  (36] . 

8 )  Spread  Spectrum  Multiple  Access  ( SSMA /:  Spread 
spectrum  multiple  access  (SSMA)  is  the  most  common  form 
of  CDMA  whereby  each  user  is  assigned  a  particular  code 
sequence  which  is  modulated  on  the  carrier  with  the  digital 
data  modulated  on  top  of  that.  Two  common  forms  exist: 
the  frequency-hopped  SSMA  and  the  phase-coded  SSMA.  In 
the  former,  as  its  name  indicates,  the  frequency  is  periodically 
changing  according  to  some  known  pattern;  in  the  latter  the 
carrier  is  phase  modulated  by  the  digital  data  sequence  and  the 
code  sequence.  SSMA  has  many  applications:  it  is  useful  in 
satellite  communications,  mobile  ground-radio,  and  computer 
communication  networks  [37]  .In  [14] ,  Kahn  etal.  addressed 
many  of  the  issues  concerning  the  use  of  SSMA  in  packet 
radio  systems.  Security,  coexistence  with  other  systems,  and 
ability  to  counteract  the  effects  of  multipath  are  key  factors 
contributing  to  the  choice  of  SSMA  in  the  PRNET;  however 
one  main  point  of  interest  in  this  presentation  is  the  benefit 
of  capture  in  asynchronous  SSMA.  Even  when  several  users 
employ  the  same  code,  the  effect  of  interference  is  minimized 
by  the  “capture  effect,"  defined  here  as  the  ability  of  the 
receiver  to  “lock  on”  one  packet  while  all  other  overlapping 
packets  appear  as  noise.  The  receiver  locks  on  a  packet  by 
correctly  receiving  the  preamble  appended  in  the  front  of  the 
transmitted  packet.  As  long  as  the  preamble  of  different 
packets  do  not  overlap  in  time,  and  the  signal  strength  of  the 
late  packets  is  not  too  high,  capture  of  the  earliest  packet  can 
be  guaranteed  with  a  high  probability.  In  essence  SSMA 
allows  a  packet  to  be  captured  at  the  receiver,  while  CSMA 
allows  a  user  to  capture  the  channel.  CSMA  can  still  be  used  in 
conjunction  with  SSMA.  This  mode  will  have  the  benefit  of 
keeping  away  all  users  within  hearing  distance  of  the  trans¬ 
mitter  and  thus  help  keep  the  capture  effect  and  antijamming 
capability  of  the  system  at  the  desired  level.  For  a  complete 
discussion  of  all  these  issues,  the  reader  is  referred  to  (14] . 

C  Centrally  Controlled  Demand  Assignment 

We  have  so  far  discussed  the  two  extremes  in  the  band¬ 
width  allocation  spectrum  as  far  as  control  over  the  user’s 
access  right  is  concerned:  the  tight  fixed  assignment  which 
has  the  most  rigid  control,  is  nonadaptive  to  dynamically 
varying  demand,  and  can  be  wasteful  of  capacity  if  small- 
delay  constraints  are  to  be  met;  and  random  access  which 
involves  no  control,  is  simple  to  implement,  is  adaptive  to 
varying  demand,  but  which,  in  some  situations,  can  be  waste¬ 
ful  of  capacity  due  to  collisions.  In  this  and  the  following 
subsections,  we  examine  demand  assignment  techniques  which 
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require  that  explicit  information  regarding  the  need  for  the 
communication  resource  be  exchanged.  We  distinguish  those 
demand  assignments  which  are  controlled  by  a  central 
scheduler  from  those  which  employ  a  distributed  algorithm 
executed  by  all  users.  We  address  centrally  controlled  assign¬ 
ments  in  the  present  subsection. 

1 )  Circuit  Oriented  Systems :  In  these  systems,  the  band¬ 
width  is  divided  into  FDMA  or  TDMA  subchannels  which 
are  assigned  on  demand.  The  satellite  SPADE  system,  for 
example,  has  a  pool  of  FDMA  subchannels  which  get  allo¬ 
cated  on  request  [38] .  It  uses  one  subchannel  operated  in  a 
TDMA  fashion  with  one  slot  per  frame  permanently  assigned 
to  each  user  to  handle  the  requests  and  releases  of  FDMA 
circuits.  Intelsat’s  MAT-1  system  uses  the  TDMA  approach 
[39] .  TDMA  subchannels  are  periodically  reallocated  to  meet 
the  varying  needs  of  earth  stations. 

The  Advanced  Mobile  Phone  Service  (AMPS),  recently 
introduced  by  Bell  Laboratories,  is  yet  another  example  of  a 
centrally  controlled  FDMA  system  [40].  The  uniqueness  of 
this  system,  however,  lies  in  an  efficient  management  of  the 
spectrum  based  on  space  division  multiple  access  (SDMA). 
That  is,  each  subchannel  in  the  pool  of  FDMA  channels  is 
allocated  to  different  users  in  separate  geographical  areas, 
thus  considerably  increasing  the  spectrum  utilization.  To 
accomplish  space  division,  the  AMPS  system  has  a  cellular 
structure  and  uses  a  centralized  handoff  procedure  (executed 
by  a  central  office)  which  reroutes  the  telephone  connections 
to  other  available  subchannels  as  the  mobile  users  move  from 
one  cell  to  another. 

Given  the  significant  setup  times  required  in  allocating 
subchannels,  the  above  systems  are  attractive  only  when 
applications  have  stream-type  traffic.  When  traffic  is  bursty, 
we  again  turn  to  packet-oriented  systems,  such  as  in  the 
following. 

2)  Polling  Systems.  In  packet  oriented  systems,  polling  is 
one  of  two  modes  used  to  centrally  control  access  to  the 
communication  bandwidth,  again  provided  as  a  single  high¬ 
speed  channel.  A  central  controller  sends  polling  messages  to 
the  terminals,  one-by-one,  asking  the  polled  terminal  to 
transmit.  For  this  the  station  may  have  a  polling  list  giving 
the  order  in  which  the  terminals  are  polled.  If  the  polled 
terminal  has  something  to  transmit,  it  goes  ahead;  if  not,  a 
negative  reply  (or  absence  of  reply)  is  received  by  the  con¬ 
troller,  which  then  polls  the  next  terminal  in  sequence.  Polling 
requires  this  constant  exchange  of  control  messages  between 
the  controller  and  the  terminals,  and  is  efficient  only  if  1)  the 
round-trip  propagation  delay  is  small,  2)  the  overhead  due  to 
polling  messages  is  low,  and  3)  the  user  population  is  not  a 
large  bursty  one.  Polling  has  been  analyzed  by  Konheim  and 
Meister  [41],  and  their  analysis  has  been  applied  to  the 
environment  of  M  users  sharing  a  radio  channel  in  [23] . 
Denoting  by  L  the  ratio  of  the  data  message  length  to  the 
polling  message  length,  and  by  a  the  ratio  of  propagation 
delay  to  message  transmission  time,  Fig.  10  displays  numerical 
results  corresponding  to  some  typical  values  of  L  and  a. 
These  curves  show  that  indeed  as  the  population  size  increases, 
thus  containing  more  and  more  bursty  users,  the  performance 
of  polling  degrades  significantly.  Channel  utilization  can  reach 
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Fig.  10.  Packet  delay  in  roll-call  polling.  L  -  ratio  of  data  message 
length  to  polling  message  length,  a  =  normalized  propagation  delay, 
M  =  number  of  stations  [  23 ) . 


100  percent  of  the  channel  bandwidth  if  the  terminals  are 
allowed  to  empty  their  buffers  when  they  are  polled.  But  as 
a  result,  the  variance  of  packet  delay  can  become  intolerably 
large. 

3)  Adaptive  Polling  or  Probing  (42/ :  The  primary  limita¬ 
tion  of  polling  in  lightly  loaded  systems  is  the  high  overhead 
incurred  in  determining  which  of  the  terminals  have  messages. 
In  order  to  decrease  this  overhead,  a  modified  polling  tech¬ 
nique.  based  on  a  tree  searching  algorithm,  and  referred  to  as 
probing,  has  been  proposed  (42] .  This  technique  assumes  that 
the  central  controller  can  broadcast  signals  to  all  terminals. 
First  the  controller  interrogates  all  terminals  asking  if  any  of 
them  has  a  message  to  transmit,  and  repeats  this  question 
until  some  terminals  respond  by  putting  a  signal  on  the  line. 
When  a  positive  response  is  received,  the  central  station 
breaks  down  the  population  into  subsets  (according  to  some 
tree  structure)  and  repeats  the  question  to  each  of  the  sub¬ 
sets.  This  can  be  performed  simply,  for  example  by  using 
binary  addresses  for  the  terminals  and  by  transmitting  as 
probing  signal  the  common  prefix  of  the  addresses  of  a  group 
of  terminals.  The  process  is  continued  until  the  terminals 
having  messages  are  identified.  When  a  single  terminal  is 
interrogated,  it  transmits  its  message. 


MESSAGE  arrival  RATE  PER  USER  (MESSAGES/S) 

Fig.  1 1  Polling  and  adaptive  probing:  mean  cycle  rime  versus  message 
arrival  rate  (simulation  results  32  stations)  142) . 


Assume  that  the  number  of  terminals  is  a  power  of  2.  say 
M  =  2".  Let  a  cycle  be  recursively  defined  as  the  time  required 
for  the  polling  and  transmission  of  all  messages  that  were 
generated  in  the  preceding  cycle.  If  a  single  terminal  has  a 
message  to  transmit,  probing  requires  In  +  1  inquiries  per 
cycle  as  opposed  to  2n  for  conventional  polling;  but  if  all 
terminals  have  messages,  probing  requires  2"*'  -  1  inquiries 
as  opposed  to  2"  for  conventional  pollings.  To  avoid  incurring 
such  a  penalty  when  the  system  is  heavily  loaded,  the  probing 
technique  can  be  made  adaptive  whereby  the  controller  starts 
a  cycle  by  probing  smaller  groups  as  the  probability  of  ter¬ 
minals  having  messages  increases.  In  particular,  the  group 
size  may  be  considered  a  function  of  the  duration  of  the 
immediately  preceding  polling  cycle.  Simulation  of  the  adapt¬ 
ive  probing  technique  has  shown  that  this  scheme  is  always 
superior  to  polling  in  that  its  mean  cycle  time  is  always  smaller 
than  that  of  polling.  Fig.  1 1  displays  the  mean  cycle  time 
(obtained  from  simulation)  as  a  function  of  the  message 
arrival  rate  for  both  polling  and  probing  [42].  Reference 
[42]  did  not  provide  any  results  concerning  message  delay, 
but  it  is  intuitively  clear  that  the  smaller  the  mean  cycle  time 
is,  the  lower  is  the  average  delay. 

4) Split-Channel  Reservation  Multiple  Access  (SfL^lA ) 
(23/  :  An  attractive  alternative  to  polling  is  the  use  of  explicit 
reservation  techniques.  In  dynamic  reservation  systems,  it  is 
the  terminal  which  makes  a  request  for  service  on  some 
channel  whenever  it  has  a  message  to  transmit.  The  central 
scheduler  manages  a  queue  of  requests  and  informs  the 
terminal  of  its  allocated  time. 

Since  the  channel  is  the  only  means  of  communication 
among  terminals,  the  main  problem  here  is,  once  again,  how  to 
communicate  the  request  to  the  central  scheduler.  The  conten¬ 
tion  on  the  channel  of  these  request  packets  is  of  exactly  the 
same  nature  as  the  contention  of  the  data  packets  themselves. 
Fixed  assignment  and  random  access  techniques  suggest  them¬ 
selves,  but  it  is  clear  from  previous  results  that  random  access 
modes  for  multiplexing  the  requests  on  the  channel  would  be 
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Fig.  12.  SRMA:  channel  capacity  versus  rj,  ratio  of  request  packet 
length  to  data  packet  length  (normalized  propagation  delay  of  0.01 
and  0.05)  (23). 


more  efficient.  Furthermore,  in  order  to  prevent  collisions  be¬ 
tween  the  requests  and  the  actual  message  packets,  the  available 
bandwidth  is  either  time  divided  or  frequency  divided  between 
the  two  types  of  data.  In  the  split-channel  reservation  multiple 
access  (SRMA)  scheme,  frequency  division  of  a  ground  radio 
channel  is  considered  [23  J .  The  available  bandwidth  is  divided 
into  two  channels:  one  used  to  transmit  control  information, 
the  second  used  for  the  data  messages  themselves.  With  this 
configuration,  there  are  many  operational  modes.  In  the  re- 
quest/answer-to-request/message  scheme  (RAM),  the  band¬ 
width  allocated  for  control  is  further  divided  into  two  chan¬ 
nels:  the  request  channel  and  the  answer-to-request  channel. 
The  request  channel  is  operated  in  a  random  access  mode 
(ALOHA  or  CSMA).  Upon  correct  reception  of  the  request 
packet,  the  scheduling  station  computes  the  time  at  which 
the  backlog  on  the  message  channel  will  empty  and  transmits 
an  answer  packet  back  to  the  terminal,  on  the  answer-to- 
request  channel,  containing  the  address  of  the  terminal  and  the 
time  at  which  it  can  start  transmission.  Another  version  of 
SRMA,  called  the  RM  scheme,  consists  of  having  only  two 
channels:  the  request  channel  and  the  message  channel.  When 
correctly  received  by  the  scheduling  station,  the  request 
packet  joins  the  request  queue.  Requests  may  be  serviced 
on  a  “first-come  first-served"  basis  (or  any  other  scheduling 
algorithm).  When  the  message  channel  is  available,  an  answer 
packet  (containing  the  ID  of  a  queued  terminal  scheduled  for 
transmission)  is  transmitted  by  the  station  on  the  message 
channel.  After  hearing  its  own  ID  repeated  by  the  station,  the 
terminal  starts  transmitting  its  message  on  the  message  chan¬ 
nel.  If  a  terminal  does  not  hear  its  own  ID  repeated  by  the 
scheduling  station  within  a  certain  appropriate  time  after  the 
request  is  sent,  the  original  transmission  of  the  request  packet 
is  assumed  to  be  unsuccessful.  The  request  packet  is  then 
retransmitted. 

We  now  examine  the  performance  of  SRMA.  Let  tj 
denote  the  ratio  of  request  packet  length  to  data  packet 
length,  this  representing  a  measure  of  the  overhead  due  to 
control  information.  In  Fig.  12  we  plot  the  (RAM)  SRMA 


system  capacity  versus  tj  for  the  following  access  modes: 
pure  ALOHA  SRMA,  slotted  ALOHA  SRMA,  and  slotted 
nonpersistent  carrier  sense  SRMA.  In  addition,  we  show  the 
system  capacity  for  both  ALOHA  and  CSMA.  We  note  that 
the  system  capacity  in  SRMA  reaches  1  for  very  small  tj. 
Typical  values  for  tj  fall  in  the  range  (0.01,  0.1).  Fig.  12 
shows  that  a  high  improvement  is  gained  when  the  request 
channel  is  operated  in  slotted  nonpersistent  CSMA  as  com¬ 
pared  to  ALOHA.  The  delay  for  ALOHA-SRMA  and  slotted 
nonpersistent  carrier  sense  SRMA  (normalized  to  bm/W, 
where  W  denotes  again  the  total  channel  bandwidth,  and  bm 
is  the  number  of  bits  per  packet)  is  shown  in  Fig.  13  as  a 
function  of  S  for  various  values  of  r\.  We  again  note  an 
important  improvement  in  using  CSMA  for  the  request 
channel.  Finally,  in  Fig.  14  we  compare  carrier  sense  SRMA 
with  the  random  access  modes  ALOHA,  CSMA,  BTMA,  and 
Af/D/1,  the  perfect  scheduling  with  fixed  size  packets  and 
Poisson  sources.  We  note  that  unless  tj  is  large  (0.1  and  above), 
there  is  a  value  of  S  below  which  CSMA  or  BTMA  performs 
better  than  SRMA  and  above  which  the  opposite  is  true. 

5 )  Global  Scheduling  Multiple  Access  ( GSM  A  j  [43]: 
GSMA  is  a  conflict-free  reservation  multiaccess  scheme  suit¬ 
able  for  a  high-speed  data  bus.  which  is  based  on  the  time- 
division  concept  for  reservation.  Here  too  a  scheduler  over¬ 
sees  all  scheduling  tasks.  The  users,  all  connected  to  the 
same  line,  listen  for  scheduling  assignments  and  transmit  in 
accordance  with  the  slot  allocation  initiated  by  the  scheduler. 
The  channel  time  is  divided  into  frames  (of  variable  lengths). 
A  frame  is  partitioned  into  two  subframes:  a  subframe  of 
status  slots  statically  assigned  to  the  users  (in  a  fixed  TDM  A 
mode)  to  request  data  slot  allocation,  and  a  subframe  of 
data  slots,  each  sufficient  to  transmit  a  data  packet  of  P 
bits.  The  fixed  assignment  of  the  status  slots  removes  the 
need  to  transmit  users’  ID’s  and  thus  reduces  the  size  of  these 
slots.  In  each  frame,  a  user  can  be  allocated  a  number  of 
data  slots  which  does  not  exceed  the  number  of  packets 
generated  at  the  user  during  the  preceding  frame  or  a  maxi¬ 
mum  number  specified,  whichever  is  smaller.  As  a  consequence 
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.  13.  Packet  delay  in  SRMA  (normalized  propagation  delay  =  0.01) 
(23|. 
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Fig.  14.  Comparison  of  various  schemes  (parameters  defined  as  in 
Figs.  12  and  13)  (23). 


Fig.  IS.  GSMA:  throughput  delay  performance  (M  *  number  of  sta¬ 
tions,  P  =  number  of  bits  per  data  packet)  (43). 

each  active  user  is  guaranteed  at  least  one  slot  per  frame. 
Fig.  15  displays  the  performance  of  GSMA  (with  P  =  100  and 
number  of  stations  M  -  100)  in  comparison  to  polling  (for 
some  typical  parameter  values  regarding  the  polling  over¬ 
head  r)  and  MIDI  1  (the  perfect  scheduling).  This  illustrates 
some  improvement  gained  in  GSMA  over  polling  [43] . 

D.  Demand  Assignment  with  Distributed  Control 

There  are  two  reasons  why  distributed  control  is  desirable. 
The  first  is  reliability,  with  distributed  control  the  system  is 
not  dependent  on  the  proper  operation  of  a  central  scheduler. 
The  second  is  improved  performance,  especially  when  dealing 
with  systems  with  long  propagation  delays,  such  as  those 
using  satellite  channels.  Indeed,  if  an  earth  station  were  to 
play  the  role  of  a  scheduler,  the  minimum  packet  delay  in  a 
packet  reservation  scheme  would  be  three  times  the  round- 
trip  propagation  delay.  (Of  course,  this  can  be  decreased  if 
on-board  processing  is  available.)  With  distributed  control, 
this  minimum  delay  can  be  brought  down  to  twice  the  round- 
trip  delay  or  less  without  affecting  the  bandwidth  utilization. 
Clearly,  in  slotted  ALOHA,  the  best  random  access  scheme 
available  for  satellite  channels,  the  minimum  packet  delay  is 
exactly  one  round-trip  delay;  but  this  is  guaranteed  only  for  a 
channel  utilization  approaching  zero!  In  fact,  the  inherent 
long  propagation  delay  in  satellite  channels  is  really  the  nasty 
characteristic  that  makes  this  environment  “more  distributed” 
than  the  single-hop  ground  radio  or  local  area  environments. 
In  the  latter,  we  have  seen  that  efficient  random  access 
schemes,  such  as  CSMA,  are  available;  and  the  shorter  the 
propagation  delay,  the  better  the  CSMA  performance.  With 
zero  propagation  delay,  collisions  in  CSMA  can  be  completely 
avoided  and  CSMA’s  performance  then  corresponds  to  that  of 
an  Af/D/1  queue,1  the  best  we  can  achieve  under  random 
demand.  In  fact,  as  observed  in  [44],  when  the  propagation 

1  This  corresponsdence  applies  to  CSMA  with  fixed  size  packets 
and  Poisson  sources. 
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delay  is  zero  we  no  longer  have  a  distributed  environment, 
and  the  cost  of  creating  a  common  queue  disappears. 

The  basic  element  underlying  all  distributed  algorithms 
is  the  need  to  exchange  control  information  among  the  users, 
either  explicitly  or  implicitly.  Using  this  information,  all 
users  then  execute  independently  the  same  algorithm  resulting 
in  some  coordination  in  their  actions.  Clearly,  it  is  essential 
that  all  users  receive  the  same  information  regarding  the  de¬ 
mand  placed  on  the  channel  and  its  usage  in  order  to  achieve 
a  global  optimum,  and  thus  distributed  algorithms  are  most 
attractive  in  fully  connected  systems.  This  attribute  is  not 
always  present  in  ground  radio  environments,  but  certainly 
exists  in  satellite  environments  due  to  their  inherent  broad¬ 
cast  nature.2  The  long-delay/broadcast  combination  of  attri¬ 
butes  has  been  one  of  the  reasons  why  many  distributed  con¬ 
trol  algorithms  have  been  proposed  in  the  context  of  satel¬ 
lite  environments.  We  examine  in  this  subsection  distributed 
control  algorithms  suitable  for  each  of  our  three  environments 
(satellite,  ground  radio  and  local  area),  starting  with  satellite 
channels. 

1 )  Reservation-ALOHA  [45]:  Reservation-ALOHA  for  a 
satellite  channel  is  based  on  a  slotted  time  axis,  where  the 
slots  are  organized  into  frames  of  equal  size.  The  duration 
of  a  frame  must  be  greater  than  the  satellite  propagation  delay. 
A  user  who  has  successfully  accessed  a  slot  in  a  frame  is  guar¬ 
anteed  access  to  the  same  slot  in  the  succeeding  frame  and  this 
continues  until  the  user  stops  using  it.  “Unused"  slots,  how¬ 
ever,  are  free  to  be  accessed  by  all  users  in  a  slotted  ALOHA 
contention  mode.  An  unused  slot  in  the  current  frame  is  a 
slot  which,  in  the  preceding  frame,  either  was  idle  or  con¬ 
tained  a  collision.  (Note  again  the  effect  of  long  delays  on  the 
control  procedure.)  Users  need  to  simply  maintain  a  history 
of  the  usage  of  each  slot  for  just  one  frame  duration.  Since  no 
request  is  explicitly  issued  by  the  user,  this  scheme  has  been 
referred  to  as  an  implicit  reservation  scheme.  Clearly  Reserva¬ 
tion-ALOHA  is  effective  only  if  the  users  generate  stream 
type  traffic  or  long  multipacket  messages.  Its  performance 
will  degrade  significantly  with  single  packet  messages,  as 
every  time  a  packet  is  successful  the  corresponding  slot  in  the 
following  frame  is  likely  to  remain  empty. 

2)  A  First-in  First-out  (FIFO)  Reservation  Scheme  [46]  : 
In  this  scheme,  reservations  are  made  explicitly.  Time  division 
is  used  to  provide  a  reservation  subchannel.  The  channel 
time  is  slotted  as  before,  but  every  so  often  a  slot  is  divided 
into  V  small  slots  which  are  used  for  the  transmission  of 
reservation  packets  (as  well  as  possibly  acknowledgments  and 
small  data  packets);  these  packets  contend  on  the  V  small 
slots  in  a  slotted  ALOHA  mode.  All  other  slots  are  data  slots 
and  are  used  on  a  reservation  basis,  free  of  conflict.  The 
frequency  of  occurrence  of  reservation  slots  can  be  made 
adaptive  to  the  load  on  the  channel  and  the  need  to  make 
new  reservations.  This  adaptivity  can  be  achieved  as  a  result 
of  the  time-division  of  bandwidth  allocation  between  reserva¬ 
tions  and  data  packets. 

2  This  is  valid  unless  the  satellite  uses  spot  beams,  in  which  case  we 
may  lose  on  the  connectivity  requirement  but  (tain  the  benefits  of  space 
division  multiple  access  (SDMA). 


Fig.  16.  Slotted  ALOHA,  TDMA.  and  FIFO  reservation  delay 
throughput  tradeoff  for  SO  users  and  single-packet  messages  in  a 
satellite  environment  (66). 

To  execute  the  reservation  mechanism  properly,  each 
station  must  maintain  information  on  the  number  of  out¬ 
standing  reservations  (the  “queue  in  the  sky”)  and  the  slots 
at  which  its  own  reservations  begin.  These  are  determined 
by  the  FIFO  discipline  based  on  the  successful  reservations 
received.  Each  successful  reservation  can  accommodate  up  to 
a  design  maximum  of,  say,  eight  packets,  thus  preventing 
stations  from  acquiring  exclusivity  of  the  channel  for  long 
periods  of  time.  To  maintain  synchronization  of  control 
information  at  the  proper  time,  and  to  acquire  the  correct 
count  of  packets  in  the  queue  if  out-of-sync  conditions  do 
occur,  each  station  sends,  in  its  data  packet,  information 
regarding  the  status  of  its  queue.  This  information  is  also 
used  by  new  stations  which  need  to  join  the  queue.  The 
robustness  of  this  system  is  achieved  by  a  proper  encoding  of 
the  reservation  packets  to  increase  the  probability  of  their 
correct  reception  at  all  stations.  Furthermore,  to  limit  the 
effect  of  errors,  a  station  reacquires  synchronization  if  it 
detects  a  collision  in  one  of  its  reserved  slots  or  an  error  in  a 
reservation  packet. 

Fig.  16  compares  the  throughput-delay  tradeoff  of  the 
FIFO  reservation  scheme  (operated  with  either  a  TDMA  or 
a  slotted  ALOHA  reservation  subchannel)  to  that  of  TDMA 
and  slotted  ALOHA  [66J.  FIFO-Reservation  offers  delay 
improvements  over  TDMA.  When  compared  to  ALOHA,  we 
note  that  higher  system  capacity  is  achieved  but  at  the  expense 
of  a  higher  delay  at  low  channel  throughputs  (due  to  a  higher 
overhead). 

3 )A  Round-Robin  (RR)  Reservation  Scheme  (47] :  The 
basis  of  this  scheme  is  fixed  TDMA  assignment,  but  with  the 
major  difference  that  "unused”  slots  are  assigned  to  the 
active  stations  on  a  round-robin  basis.  This  is  accomplished  by 
organizing  packet  slots  into  equal  size  frames  of  duration 
greater  than  the  propagation  delay  and  such  that  the  number 
of  slots  in  a  frame  is  larger  than  the  number  of  stations.  One 
slot  in  each  frame  is  permanently  assigned  to  each  station. 
To  allow  other  stations  to  know  the  current  state  (used  or 
unused)  of  its  own  slot,  each  station  is  required  to  transmit 
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information  regarding  its  own  queue  of  packets  piggybacked 
in  the  data  packet  header  (transmitted  in  the  previous  frame.) 
A  zero  count  indicates  that  the  slot  in  question  is  free.  All 
stations  maintain  a  table  of  all  stations’  queue  lengths, 
allowing  them  to  allocate  among  themselves  free  unassigned 
slots  in  the  current  frame.  Round-robin  is  the  discipline 
proposed  by  Binder  [47],  but  other  scheduling  disciplines 
can  be  used  as  well.  A  station  recovers  its  slot  by  deliberately 
causing  a  conflict  in  that  slot  which  other  users  detect.  For  a 
station  which  was  previously  idle,  initial  acquisition  of  queue 
information  is  required  and  is  achieved  by  having  one  of  the 
stations  transmit  its  table  at  various  times.  However,  it  is 
interesting  to  note  that  in  this  scheme,  while  acquiring  queue 
synchronization,  a  station  can  always  reclaim  and  use  its 
own  assigned  slot. 

The  above  three  schemes  have  been  proposed  for  satellite 
channels.  All  assumed  fixed  size  slots,  and  thus  can  be  imple¬ 
mented  in  systems  which  have  been  built  for  synchronous 
TDMA.  The  effect  of  large  propagation  delay  is  important. 
Framing  is  used  in  two  of  the  schemes  to  deal  with  it,  with 
the  frame  duration  being  equal  to  or  longer  than  the  prop¬ 
agation  delay.  Due  to  their  dynamic  nature,  these  protocols 
perform  better  than  synchronous  TDMA.  However,  when 
compared  to  random  access  (namely  ALOHA  here),  they 
offer  higher  capacity,  but  also  higher  delay  at  low  through¬ 
put.  If  used  in  systems  with  small  propagation  delay,  such  as 
ground  radio,  then  they  will  perform  significantly  better, 
and  are  expected  to  have  a  performance  comparable  to  SRMA. 
In  fact,  due  to  the  inherent  small  propagation  delay  in  ground 
radio  environments,  other  access  modes  with  distributed 
control  are  also  possible  if  all  devices  are  in  line-of-sight  and 
within  range  of  each  other.  We  describe  these  in  the  following. 

4)  Minislot  ted  Alternating  Priorities  (MSAPj  [  48] :  MSAP 
is  a  conflict-free  multiple  access  scheme  suitable  for  a  small 
number  of  data  users.  In  essence,  MSAP  is  a  “carrier-sense" 
version  of  polling  with  distributed  control.  The  time  axis  is 
slotted  with  the  minislot  size  again  equal  to  the  maximum 
propagation  delay.  All  users  are  synchronized  and  may  start 
transmission  only  at  the  beginning  of  a  minislot.  Users  are 
considered  to  be  ordered  from  1  to  M.  When  a  packet  trans¬ 
mission  ends,  the  alternating  priorities  (AP)  rule  assigns  the 
channel  to  the  same  user  who  transmitted  the  last  packet 
(say  user  i)  if  he  is  still  busy;  otherwise  the  channel  is  assigned 
to  the  next  user  in  sequence  (i.e.,  user  (i,  mod  M  +  1)).  The 
latter  (and  all  other  users)  detects  the  end  of  transmission  of 
user  i  by  sensing  the  absence  of  carrier  over  one  minislot.  At 
this  new  point  in  time,  either  user  (/  mod  M  +  1)  starts  trans¬ 
mission  of  a  packet  (which  will  be  detected  by  all  other  users) 
or  he  is  idle  in  which  case  a  minislot  is  lost  and  control  of  the 
channel  is  handed  to  the  next  user  in  sequence.  The  overhead 
at  each  poll  in  this  scheme  is  simply  one  minislot. 

Scheduling  rules  other  than  AP  are  also  possible,  namely 
round-robin  (RR)  or  random  order  (RO).  MSAP,  however, 
exhibi  .  tht  least  overhead  incurred  u>  switching  control 
between  users.  On  the  other  hand,  MSRR  may  be  more 
suitable  to  environments  with  unbalanced  traffic  since  then 
smaller  users  will  be  guaranteed  more  frequent  access  than 
with  MSAP.  These  scheduling  rules  have  also  appeared  in  the 


Fig.  17.  Assigned-slot  listen-before  transmission  protocol:  throughput 
delay  tradeoff  for  50  users  and  T=  100  (propagation  time  a  =  0.01)  [49 1 . 

literature  as  BRAM,  the  broadcast  recognizing  access  method. 
For  details,  see  [72] . 

5)  The  Assigned-Slot  Listen-Before-Transmission  Protocol 
149]  \  MSAP,  being  a  “carrier  sense"  version  of  polling,  be¬ 
haves  like  polling.  In  particular,  as  the  system  load  decreases, 
the  overhead  incurred  in  locating  a  nonidle  user  increases, 
and  so  does  the  delay.  The  assigned-slot  listen-before-trans- 
mission  protocol  has  been  proposed  to  improve  on  MSAP  by 
allowing  several  users  to  share  common  minislots.  In  such  a 
case,  there  exists  a  tradeoff  between  the  time  wasted  in 
collisions,  and  the  time  wasted  in  control  overhead.  Time  is 
divided  into  frames,  each  containing  an  equal  number  of 
minislots  (say,  L).  To  each  minislot  of  a  frame  is  assigned 
a  given  subset  of  MIL  users.  A  user  with  a  packet  ready  for 
transmission  in  a  frame  can  sense  the  channel  only  in  his 
assigned  minislot.  If  the  channel  is  sensed  idle,  transmission 
takes  place;  if  not,  the  packet  is  rescheduled  for  transmission 
in  a  future  frame.  A  packet  transmission  spans  T  slots.  The 
parameter  M/L  is  adjusted  according  to  the  load  placed  on 
the  channel.  For  high  throughput,  MIL  =  1  is  found  to  be 
optimum.  In  fact,  with  MIL  =  1 ,  the  scheme  becomes  a 
conflict-free  one  which  approaches  MSAP  and  gives  nearly 
identical  results  [49],  For  very  low  throughput,  MIL  =  M 
(i.e.,  L  =  1)  is  found  to  be  optimum;  this  corresponds  to  pure 
CSMA.  In  between  the  two  extreme  cases  intermediate  values 
of  M/L  are  optimum.  Fig.  17  displays  the  throughput-delay 
performance  of  this  scheme  for  various  values  of  M/L  when 
M  =  50  and  T  =  100.  It  also  shows  how  this  scheme  (and 
thus,  MSAP)  compare  to  CSMA. 

6)  Distributed  Tree  Retransmission  Algorithms  in  Packet 
Broadcast  Channels  [71] :  In  many  of  the  multiaccess  proto¬ 
cols  examined  above,  conflict  resolution  is  achieved  by  retrans¬ 
mitting  randomly  in  the  future.  Such  a  rescheduling  discipline 
in  slotted  ALOHA  achieves  a  36  percent  bandwidth  utiliza¬ 
tion,  but  exhibits  some  sort  of  instability  unless  the  resched¬ 
uling  is  controlled,  as  discussed  in  Section  Il-B.  Tree  algorithms 
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are  based  on  the  observation  that  a  contention  among  several 
active  sources  is  completely  resolved  if  and  only  if  all  the 
sources  are  somehow  subdivided  into  groups  such  that  each 
group  contains  at  most  one  active  source.  (Such  observation  is 
similar  to  that  made  in  the  probing  technique  discussed  in 
Section  II-C3).  In  its  simplest  form,  the  tree  algorithm  consists 
of  the  following.  Each  source  corresponds  to  a  leaf  on  a  binary 
tree.  The  channel  time  axis  is  slotted  and  the  slots  are  grouped 
into  pairs.  Each  slot  in  a  pair  corresponds  to  one  of  the  two 
subtrees  of  the  node  being  visited.  Starting  with  the  root 
node  of  the  tree,  we  let  all  terminals  in  each  of  the  two  sub¬ 
trees  of  the  root  transmit  in  their  corresponding  slot.  If  any 
of  the  two.  slots  contains  a  collision,  then  the  algorithm 
proceeds  to  the  root  of  the  subtree  corresponding  to  the 
collision  and  repeats  itself.  This  continues  until  all  the  leaves 
are  separated  into  sets  such  that  each  of  them  contains  at 
most  one  packet.  This  is  known  to  all  users,  as  the  outcome  of 
the  channel  is  either  a  successful  transmission  or  an  idle 
slot.  Collisions  caused  by  the  left  subtree  (1st  slot  of  a  pair) 
are  resolved  prior  to  resolving  collisions  in  the  right  subtree. 
This  scheme  provides  a  maximum  throughput  of  0.347  packets/ 
slot,  and  all  moments  of  the  delay  are  finite  if  the  aggregate 
packet  arrival  rate  is  less  than  1/3  packets/slot  (71] . 

Clearly,  a  binary  tree  is  not  always  optimum.  If,  each 
time  we  return  to  the  root  node,  we  allow  the  tree  to  be  re¬ 
configured  according  to  the  current  traffic  conditions,  it  can 
be  shown  that  the  optimum  tree  is  binary  everywhere  except 
for  the  root  node  whose  optimum  degree  depends  on  traffic 
conditions  [71].  The  dynamic  scheme  achieves  a  throughput 
of  0.430  packets/slot,  and  all  the  moments  of  the  delay  are 
finite  for  A  <  0.430  packets/slot.  Tree  algorithms  are  imple- 
mentable  in  both  ground  radio  and  satellite  channels  as  long 
as  the  broadcast  capability  is  available. 

1)  Distributed  Control  Algorithms  in  Local  Area  Net¬ 
works:  In  addition  to  the  random  access  schemes  described 
previously,  the  above  two  algorithms  are  also  applicable  to 
local  area  (broadcast)  bus  networks  as  these  exhibit  the 
required  characteristics  of  small  propagation  delay  and  full 
connectivity.  But  in  local  area  communication,  a  slightly  dif¬ 
ferent  topology,  namely  the  ring  (or  loop),  has  also  been 
widely  considered.  In  the  ring  topology,  messages  are  not 
broadcast  but  rather  passed  from  node  to  node  along  uni¬ 
directional  links,  until  they  return  to  the  originating  node. 
A  simple  scheme  suitable  for  a  ring  consists  of  passing  the 
access  right  sequentially  from  node  to  node  around  the  ring. 
(Note  that  in  a  ring,  the  physical  locations  of  the  nodes 
define  a  natural  ordering  among  them.)  One  implementation 
of  this  scheme  is  exemplified  by  the  Distributed  Computing 
System’s  network  where  an  8-bit  control  token  is  passed 
sequentially  around  the  ring  [50],  Any  node  with  a  ready 
message  may,  upon  receiving  the  control  token,  remove  the 
token  from  the  ring,  send  the  message,  and  then  pass  on  the 
control  token.  Another  implementation  consists  of  providing 
a  number  of  message  slots  which  are  continuously  transmitted 
around  the  ring.  A  message  slot  may  be  empty  or  full;  a  node 
with  a  ready  message  waits  to  see  an  empty  slot  pass  by, 
marks  it  as  full,  and  uses  it  to  send  its  message  (51] -[S3] . 

A  still  different  strategy  is  known  as  the  register  insertion 
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technique  (3],  [54],  [55],  Here  a  message  to  be  transmitted 
is  first  loaded  into  a  shift  register.  If  the  ring  is  idle,  the  shift 
register  is  just  transmitted.  If  not,  the  register  is  inserted  into 
the  network  loop  at  the  next  point  separating  two  adjacent 
messages:  the  message  to  be  sent  is  shifted  out  onto  the  ring 
while  an  incoming  message  is  shifted  into  the  register.  The 
shift  register  can  be  removed  from  the  network  loop  when 
the  transmitted  message  has  returned  to  it.  The  insertion  of 
a  register  has  the  effect  of  increasing  the  transport  delay  of 
messages  on  the  ring. 

E.  Adaptive  Strategies  and  Mixed  Modes 

We  have  so  far  examined  quite  a  large  number  of  multi¬ 
access  schemes  and  compared  their  performance.  One  thing 
is  clear:  each  of  these  schemes  has  its  advantages  and  limita¬ 
tions.  No  one  scheme  performs  better  than  all  others  over  the 
entire  range  of  system  throughput  (except,  of  course,  the 
hypothetical  perfect  scheduling,  which  is  clearly  unachievable 
in  a  distributed  environment).  If  a  scheme  ->erforms  nearly  as 
well  as  perfect  scheduling  at  low  input  rates,  ti  ?n  »•  is  plagued 
by  a  limited  achievable  channel  capacity.  Conversely,  if  a 
scheme  is  efficient  when  the  system  utilization  is  high,  the 
overhead  accompanying  the  access  control  mechanism  be¬ 
comes  prohibitively  large  at  low  utilization.  Although  some 
characteristics  of  a  system  (propagation  delay,  channel  speed, 
etc.)  are  unlikely  to  vary  during  operation,  it  is  certain  that 
the  load  placed  upon  the  system  will  be  time  varying.  In  the 
case  of  a  single  subscriber  type  (say  with  periodic  traffic, 
stream-type  traffic,  or  bursty  traffic)  the  volume  of  the 
traffic  may  be  varying;  if  several  subscriber  types  are  simul¬ 
taneously  present,  the  volume  of  traffic  introduced  by 
each,  and  therefore  the  proportional  mix  of  traffic  type:, 
may  also  be  time  varying. 

We  have  discussed  at  several  points  in  this  paper  the  dy¬ 
namic  control  of  a  specific  access  scheme  which  improved  its 
performance  to  a  certain  extent;  but  such  an  adaptive  control 
did  not  change  the  nature  of  the  access  scheme  nor  the  nature 
of  its  limitation.  Dynamically  controlled  random  access 
schemes  provide  improved  packet  delay  over  uncontrolled 
versions,  but  still  exhibit  channel  capacity  less  than  1.  The 
adaptive  polling  technique  decreased  the  overhead  at  low 
throughput  but  only  to  a  certain  extent.  Actually,  what  one 
really  needs  is  a  strategy  for  choosing  an  access  mode  which 
is  itself  adaptive  to  the  varying  need  so  that  optimality  is 
maintained  at  all  times.  Clearly,  in  order  to  accomplish  adapt¬ 
ivity,  a  certain  amount  of  information  is  needed  by  the  dis¬ 
tributed  decision  makers.  The  type  and  amount  of  information 
required  by  an  adaptive  strategy,  as  well  as  the  implementation 
of  the  information  acquisition  mechanism  are  among  the 
most  crucial  factors  in  determining  the  performance  and 
robustness  of  the  strategy.  A  great  deal  of  effort  has  been 
spent  in  recent  years  on  such  adaptive  strategies.  We  devote 
this  subsection  to  schemes  which  fall  into  this  category. 

1)  The  URN  Scheme  [56 ) :  We  start  with  this  more  recent 
scheme  because  of  its  simplicity,  elegance,  and  the  smooth¬ 
ness  by  which  it  adapts  to  varying  loads.  It  has  been  proposed 
in  the  context  of  a  ground  radio  fully  connected  environment 
in  which  the  time  axis  is  divided  into  packet  slots,  and  all 
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users  are  synchronized.  Assuming  that  ail  users  know  the 
exact  number  n  of  busy  users,  the  scheme  consists  of  giving 
full  access  right  (i.e.,  the  right  to  transmit  with  probability 

1)  to  some  number  k  of  users.  A  successful  transmission  will 
result  if  there  is  exactly  one  busy  user  among  these  k.  The 
probability  of  such  an  event  is  maximized  when  k  =  [M/n] , 
where  [M/n\  denotes  the  integer  part  of  Min.  This  is  in 
contrast  to  the  controlled  slotted  ALOHA  scheme  where  all 
users  are  given  the  same  partial  access  right:  the  right  to 
transmit  with  probability  p  =  \jn.  Assume  the  system  is 
lightly  loaded  (for  instance  n  —  1);  a  large  number  of  users 
are  given  access  right  (in  the  example  n  —  1,  the  number  is 
k  =  M ),  but  only  a  few  and  hopefully  only  one  will  make  use 
of  it  (in  the  example  n  =  1,  a  successful  transmission  takes 
place).  As  the  load  increases,  k  decreases  and  the  access  right 
is  gradually  restricted.  For  the  extreme  case  of  n  =  M,  k  =  1 
and  the  scheme  converges  to  TDMA.  If  the  sampling  of  k  is 
random,  the  urn  scheme  converges  to  random  TDMA;  if  the 
sampling  of  fc  is  without  repetitions  from  slot  to  slot  until 
all  users  have  been  sampled  once,  the  urn  scheme  converges 
to  round-robin  TDMA. 

Two  important  questions  remain:  how  to  estimate  n,  and 
how  to  reach  a  consensus  on  who  the  k  users  are.  In  [56], 
Kleinrock  and  Yemini  offer  a  few  alternatives.  One  possible 
scheme  for  estimating  n  with  good  accuracy  is  to  include  a 
single  reservation  minislot  at  the  beginmng  of  each  data  slot. 
An  idle  user  who  turns  busy  sends  a  standard  reservation 
message  of  few  bits.  All  users  are  able  to  detect  the  following 
three  events:  no  new  busy  users,  one  new  busy  user,  and  more 
than  one  new  busy  user  (termed  an  erasure).  As  it  is  impossible 
with  this  minimal  overhead  to  estimate  the  exact  number  of 
new  busy  users  when  the  latter  is  greater  than  one,  errors  in 
estimation  result;  however  analysis  and  simulation  have 
shown  that  this  error  is  negligible,  and  furthermore  that  the 
scheme  is  insensitive  to  small  perturbations  in  n.  This  last 
statement  is  even  more  important  with  respect  to  the  robust¬ 
ness  of  the  scheme  since  it  means  that  all  users  need  not  have 
exactly  the  same  estimate  for  n.  As  for  coordinating  the 
selection  of  the  k  users,  an  effective  mechanism  is  the  use  of 
synchronized  pseudorandom  generators  at  all  users  which 
allow  them  to  draw  the  same  k  pseudorandom  numbers. 
Another  mechanism,  referred  to  as  a  round-robin  slot  sharing 
window  mechanism,  consists  of  having  a  window  of  size  k 
move  over  the  population  space.  When  a  collision  occurs,  the 
window  stops  and  decreases  in  size.  When  there  is  no  collision, 
the  tail  of  the  window  is  advanced  to  the  head  of  the  previous 
window,  and  the  size  is  again  set  to  k  as  determined  by  n. 

The  improvement  obtained  by  this  scheme  over  slotted 
ALOHA  and  TDMA  can  be  seen  in  Fig.  18  where  the  through- 
put-delay  performance  of  all  these  schemes  is  displayed  for  a 
pupulation  siz eM  =  10  [56]. 

2)  Another  Adaptive  Strategy  for  the  Dynamic  Manage¬ 
ment  of  Packet  Radio  Slots  [571'.  Another  way  to  achieve 
adaptivity  is  as  follows.  The  time  axis  is  again  slotted  with 
the  slot  size  equal  to  a  packet  transmission  time.  Slots  are 
grouped  into  k  equivalence  classes  or  subchannels.  Slots  are 


Fig.  18.  Throughput-delay  performance  for  the  URN  scheme  (ex¬ 
ample  for  10  users)  (56) . 

furthermore  grouped  into  frames  of  m  slots,  m  >  k,  each 
containing  at  least  one  slot  for  every  equivalence  class.  Let 
M  be  again  the  number  of  users.  Each  user  is  at  any  one  time 
assigned  to  one  of  the  k  equivalence  classes.  All  stations  in  a 
given  class  use  a  random  access  mode  to  access  slots  assigned 
to  their  class.  If  CSMA  is  used  as  the  contention  scheme, 
then  time  slots  are  minislots  of  size  t,  assigned  to  the  k  equiv¬ 
alence  classes  just  as  before.  By  dynamically  varying  the  size 
of  the  frame  and  the  assignment  of  slots  within  the  frame  to 
classes  of  users,  one  can  vary  the  access  mode  to  best  Fit  the 
situation.  At  low  load,  for  example,  choosing  k  =  m  =  1  with 
all  users  in  the  same  class  leads  to  a  pure  random  access  mode 
of  low  delay.  Choosing  k  =  m  -M  with  each  user  constituting 
a  separate  class  leads  to  TDMA.  Increasing  the  parameter  k 
has  the  effect  of  decreasing  the  rate  of  collisions  among  users 
of  the  same  class.  The  frame  size  m  can  be  used  to  allow  a 
smooth  changeover  between  the  schemes.  By  partitioning  the 
frame  into  two  subframes,  both  contention  and  pure  TDMA 
can  coexist  simultaneously.  The  information  used  in  adapting 
to  the  situation  is  the  collision  rate  and  the  rate  of  empty 
slots  (or  minislots)  for  the  randomly  accessed  slots,  and  the 
rate  of  empty  slots  for  the  TDMA  assigned  slots.  For  example, 
when  one  minislot  of  a  TDMA  slot  goes  empty,  the  remainder 
of  the  TDMA  slot  may  be  cancelled  and  reassigned  to  some 
other  groups  (then  to  be  used  via  CSMA). 

Schemes  other  than  CSMA  and  TDMA  can  be  combined 
by  this  adaptive  strategy.  One  may,  for  example,  mix  CSMA 
with  MSRR.  In  [57] ,  Ricart  and  Agrawala  studied,  via  simula¬ 
tion,  some  typical  adaptation  algorithms  of  this  type.  Some 
of  their  simulation  results  for  a  CSMA/TDMA  combination 
are  shown  in  Fig.  19.  These  results  exhibit  clearly  the  improve¬ 
ment  gained  over  the  entire  throughput  range  by  using  the 
adaptive  strategy. 

3)  The  Reservation  upon  Collision  Schemes  (RUC)  [ 58J  : 
In  the  Reservation  upon  Collision  schemes,  the  channel  time 
is  divided  into  slots  of  Fixed  length  which  in  turn  are  divided 
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Fig.  19.  Simulation  results  for  an  adaptive  CSMA/TDMA  strategy 
(eight  stations,  normalized  propagation  delay  of  a  =  0.0  5)  [57|. 


into  two  parts:  a  data-subslot  SSO  for  the  transmission  of 
information  packets  and  a  subslot  SSI  for  the  transmission  of 
(signaling)  information  regarding  the  transmitting  user(s). 
The  data  subchannel  can  be  in  one  of  two  states:  the  conten¬ 
tion  state  or  the  reserved  state.  It  is  normally  in  the  contention 
state  and  users  can  access  the  slots  in  a  slotted  ALOHA  mode 
as  long  as  no  collisions  occur.  When  a  collision  is  detected, 
then  the  data  subchannel  switches  to  the  reserved  state  and 
remains  in  that  state  until  the  queue  of  reservations  is  cleared, 
at  which  time  it  switches  back  to  the  contention  state.  That 
is,  if  a  collision  is  detected,  reservations  are  automatically 
implied  for  the  colliding  users.  To  accomplish  this,  the 
signaling  information  identifying  the  users  must  be  received 
by  all  users  free  of  interference,  and  thus  an  ingenious  use  of 
the  SSI  subslots  must  be  devised.  CDMA  and  TDMA  have 
been  proposed  in  (58] .  When  the  number  of  users  is  large, 
a  particularly  suitable  approach  is  to  consider  grouping  the 
slots  into  a  frame  of,  say,  L  slots.  Each  of  the  L  SSI  subslots 
is  assigned  to  a  group  of  size  MIL  users  instead  of  M  users, 
thus  decreasing  the  degree  of  multiplexing  signaling  informa¬ 
tion  over  the  SSI  subslots.  TDMA  or  CDMA  still  needs  to  be 
used.  In  this  approach,  users  need  not  transmit  their  identi¬ 
fication  as  this  is  implied  from  the  position  of  the  SSI  subslot. 
However,  each  user  has  to  send  the  number  of  packets  trans¬ 
mitted  in  the  frame,  and  this  information  requires  at  most 
logj(L  +  1 )  bits.  This  scheme  is  referred  to  as  the  split  reserva¬ 
tion  upon  collision  (SRUC). 

Fig.  20  shows  the  performance  of  SRUC  in  a  satellite 
environment  as  compared  to  slotted  ALOHA  and  pure  reserva¬ 
tion  for  two  values  of  the  overhead  'P  required  per  frame  for 
the  signaling  information.  Clearly,  this  performance  degrades 
as  ♦  increases.  More  detailed  results  can  be  found  in  [58] . 

Since  slotted  ALOHA  and  reservations  are  both  suitable  for 
satellite  channels,  RUC  schemes  are  also  particularly  suitable 
for  these  as  well  as  ground  radio  channels. 

4)  Priority-Oriented  Demand  Assignment  (POD A )( 12/ In 
the  context  of  a  satellite  channel,  PODA  has  been  proposed  as 


Fig.  20.  Split  reservation  upon  collision:  throughput  delay  perform¬ 
ance  at  zero  overhead  =  0.1  and  <1/  =  1  [581- 

the  ultimate  scheme  which  attempts  to  incorporate  all  the 
properties  and  advantages  seen  in  many  of  the  previous 
schemes.  It  has  provision  for  both  implicit  and  explicit  reser¬ 
vations,  thus  accommodating  both  stream  and  packet-type 
traffic.  It  may  also  integrate  the  use  of  both  centralized  and 
distributed  control  techniques  thus  achieving  a  high  level  of 
robustness. 

Channel  time  is  divided  into  two  basic  subframes,  an 
information  subframe  and  a  control  subframe.  The  informa¬ 
tion  subframe  contains  scheduled  packets  and  packet  streams, 
which  also  contain,  piggybacked,  control  information  such  as 
reservations  and  acknowledgments.  The  control  subframe 
is  used  exclusively  to  send  reservations  that  cannot  be  sent  in 
the  information  subframe  in  a  timely  manner.  In  order  to 
achieve  integration  of  centralized  and  distributed  assign¬ 
ments,  the  information  subframe  is  further  divided  into  two 
sections,  one  for  each  type. 

Access  to  the  control  subframe  (which  is  divided  into 
slots  accommodating  fixed  size  control  packets)  can  take 
any  form  that  is  suitable  to  the  environment.  It  can  be  by 
fixed  assignment  (TDMA)  if  the  number  of  stations  is  small 
(giving  rise  to  the  so-called  FPODA),  or  by  contention  as  in 
ALOHA  if  the  stations  have  a  low-duty  cycle  (giving  rise  to 
CPODA),  or  a  combination  of  both.  The  boundary  between 
the  control  subframe  and  the  information  subframe  is  not 
fixed,  but  varies  with  the  demand  placed  on  the  channel. 
As  in  the  FIFO  and  RR  reservation  schemes,  distributed 
control  is  achieved  by  having  all  stations  involved  in  this  type 
of  control  keep  track  of  their  queue  length  information. 
Priority  scheduling  can  thus  be  achieved.  For  stream  traffic, 
a  reservation  is  made  only  once,  and  is  retained  by  each  station 
in  a  stream  queue.  Centralized  assignment  may  be  used  when 
delay  is  not  the  crucial  element.  This  scheme  has  been  pro¬ 
posed  in  the  context  of  a  satellite  channel  but  may  be  applied 
to  other  environments  as  well. 

5)  More  on  Mixed  Modes :  Other  studies  have  appeared  in 
the  literature  that  also  deal  with  integrating  several  different 
access  modes  into  the  same  system. 
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The  Mixed  ALOHA  Carrier  Sense  (MACS)  scheme  consists 
of  allowing  a  large  user  to  steal,  by  carrier  sensing,  slots  which 
are  unused  by  a  large  population  of  small  users  accessing  the 
channel  in  a  slotted  ALOHA  mode  [59] .  Analysis  has  shown 
that  the  total  channel  utilization  is  significantly  increased  with 
MACS,  and  the  throughput-delay  performance  of  both  the 
large  user  and  the  background  ALOHA  users  is  better  with 
MACS  than  with  a  split-channel  configuration  in  which  the 
large  user  and  the  ALOHA  users  are  each  permanently  assigned 
a  portion  of  the  channel  [59] . 

Group  Random  Access  (GRA)  procedures  consist  of  using 
only  certain  channel  time-periods  to  allow  some  network 
terminals  to  transmit  their  information-bearing  packets  on  a 
random  access  basis.  The  channel  can  then  be  utilized  at 
other  times  to  grant  access  to  other  terminals  or  other  mes¬ 
sage  types,  by  applying,  as  appropriate,  group  random  access, 
reservation  procedure  or  fixed  assignment.  The  idea  is  simply 
a  fixed  time-division  assignment  among  groups  utilizing 
different  access  schemes.  For  analysis  of  GRA,  the  reader  is 
referred  to  [60] ,  [61] . 

Finally,  we  consider  satellite  systems  with  on-board  proc¬ 
essing  capability.  These  have  recently  received  increased 
attention  and  are  being  considered  as  a  means  to  increase  the 
capacity  of  packet  satellite  channels  [62] -[65].  One  example 
is  typified  by  the  integration  of  slotted  ALOHA  on  several 
uplink  channels,  with  TDMA  on  one  or  several  downlink 
channels.  The  on-board  processing  capability  is  used  to  filter 
out  all  collisions  and  thus  improve  the  utilization  of  the  down¬ 
link  channels.  The  overall  spectrum  efficiency  is  also  improved 
especially  if  the  ratio  of  uplink  channels  to  downlink  channels 
is  properly  chosen.  Analysis  of  these  disciplines  is  given  in 
[62],  [63],  Additional  improvement  over  these  disciplines  is 
possible  by  providing  buffering  capability  on  board  the  satel¬ 
lite  to  smooth  the  input  and  more  completely  fill  the  down¬ 
link  channels. 

III.  CONCLUSION 

Tremendous  advances  have  been  made  in  recent  years  in 
devising  multiaccess  schemes  suitable  to  a  variety  of  data 
communication  environments.  In  this  paper,  we  have  briefly 
reviewed  a  large  number  of  these  protocols  which  we  have 
grouped  into  five  categories  according  to:  1 )  the  degree  of 
control  exercised  over  the  users’  access;  2)  the  (centralized 
or  distributed)  nature  of  the  decision-making  process;  and  3) 
the  degree  of  adaptivity  of  the  algorithm  to  the  changing 
need.  We  have  seen  that  these  link  level  protocols  have  a  great 
impact  on  the  utilization  of  the  communication  resource  in 
particular  and  the  overall  system  performance  in  general. 
We  have  also  briefly  discussed  their  suitability  to  various 
traffic  characteristics. 

Although  an  attempt  has  been  made  to  render  the  presen¬ 
tation  complete,  it  is  by  no  means  exhaustive  of  all  existing 
schemes,  and  the  field  is  still  so  wide  open  that  new  schemes 
are  constantly  being  introduced.  Throughout  the  paper,  an 
emphasis  was  placed  on  that  class  of  packet  communications 
that  service  very  many  bursty  users,  since  this  has  been  a 
major  concern  for  many  years.  It  is  important,  however,  to 
note  that  there  is  a  growing  interest  in  the  support  of  applica¬ 


tions  which  lend  themselves  to  stream-type  traffic  (such  as 
packetized  voice,  facsimile,  video  data  for  remote  conferencing, 
etc.)  and  which  may  also  require  real-time  communications 
service  on  the  part  of  the  network.  Moreover,  with  an  even 
greater  interest  in  integrating  the  many  different  applications 
onto  the  same  network  structure,  it  is  becoming  important 
to  devise  multiaccess  protocols  which  can  provide  all  the 
capabilities  and  features  required  for  this  integration.  The 
adaptive  strategies  discussed  in  the  paper  provide  an  attempt 
at  solving  this  problem  but  it  is  still  far  from  being  completely 
resolved. 

Another  point  of  great  importance  is  the  impact  that  these 
link  level  protocols  have  on  the  design  of  higher  level  proto¬ 
cols.  Indeed,  due  to  the  basically  different  nature  and  behavior 
of  some  of  these  multiaccess  schemes,  one  is  faced  with  the 
necessity  to  find  new  ways  to  deal  with  many  of  the  higher 
level  functions.  The  routing  problem  in  store-and-forward 
multiaccess/broadcast  systems,  for  example,  is  significantly 
different  from  the  well-known  routing  algorithms  devised  for 
point-to-point  store-and-forward  networks;  here  the  trans¬ 
mitted  packet  should  carry,  at  each  transmission,  the  next 
node’s  address,  and  each  receiving  node  has  to  decide  as  to 
whether  to  relay  or  ignore  the  packet.  A  discussion  of  routing 
schemes  appropriate  to  these  systems  can  be  found  in  [14]. 
Clearly,  in  single-hop  broadcast  systems,  and  in  local  area 
ring  architectures,  the  routing  problem  is  absent. 

Acknowledgment  procedures  may  also  have  to  be  handled 
differently  in  broadcast  networks.  In  the  PRNET,  for  example, 
hop-by-hop  acknowledgments  can  be  passive,  in  the  sense 
that,  due  to  the  broadcast  nature  of  transmission,  the  relaying 
of  a  packet  over  a  hop  constitutes  the  acknowledgment  for 
the  transmission  over  the  previous  hop.  Acknowledgments 
may  also  be  active  in  the  sense  that  an  acknowledgment  packet 
is  actually  created  and  transmitted.  If  acknowledgment  packets 
are  given  priority,  the  active  acknowledgment  procedure 
has  the  benefit  of  minimizing  buffering  requirements  at  the 
repeaters  since  the  acknowledgments  are  sent  at  the  earliest 
opportunity,  and  possibly  minimizing  channel  overhead  since 
the  additional  transmissions  beyond  success  resulting  from 
delayed  acknowledgments  can  then  be  kept  to  a  minimum 
(67).  (In  fact,  it  was  found  that  if  acknowledgments  were 
instantaneous,  then  a  few  buffers  in  each  packet  radio  unit 
appear  to  be  sufficient  to  handle  the  storage  requirements; 
indicating  that  the  system  becomes  more  channel  bound  than 
storage  bound  [68],  [69].)  In  satellite  environments.  PODA 
achieves  the  same  objective  by  piggybacking,  whenever  pos¬ 
sible,  acknowledgments  on  pending  reservation  requests,  which 
are  heard  by  all  users,  including  the  sender. 

To  conclude,  we  can  say  that  despite  the  many  advances 
already  accomplished,  this  area  still  presents  many  challenging 
open  problems,  and  that  to  best  make  use  of  the  progress 
already  achieved  in  link-level  protocols,  one  also  needs  to 
turn  one's  attention  to  the  many  unresolved  issues  concerning 
higher  level  protocols. 
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Packet  broadcasting  in  computer  communication  is  attrac¬ 
tive  in  that  it  combines  the  advantages  of  both  packet¬ 
switching  and  broadcast  communication.  All  stations  share  a 
common  channel  which  is  multi-accessed  in  some  random 
fashion.  Among  the  various  random  access  schemes  known, 
carrier  sense  multiple  access  (CSMA)  has  been  shown  to  be 
highly  efficient  for  environments  with  relatively  short  propa¬ 
gation  delay.  Packet  broadcasting  (and  in  particular  CSMA) 
has  been  successfully  applied  to  coaxial  cables  thus  providing 
an  efficient  means  for  communication  in  local  environments. 
In  addition,  in  such  environments  the  possibility  of  detecting 
collisions  on  the  coaxial  cable  enhances  the  performance  of 
CSMA  by  aborting  conflicting  transmissions,  thus  giving  rise 
to  the  carrier  sense  multiple  access  schemes  with  collision 
detection  (CSMA-CD).  In  this  paper  we  extend  an  analysis  of 
CSMA  to  accommodate  collision  detection.  The  analysis  pro¬ 
vides  the  throughput-delay  performance  of  CSMA-CD  and  its 
dependence  on  such  key  system  parameters  as  the  average 
retransmission  delay  and  the  collision  recovery  time. 
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1.  Introduction 


There  are  numerous  reasons  why  advances  in  local 
area  communication  networks  have  significantly 
increased  in  the  past  few  years.  The  recent  interest 
in  the  application  of  the  (now  available)  inexpensive 
processing  power  to  office  and  industrial  automation, 
the  necessity  for  the  sharing  of  expensive  scarce 
resources,  the  need  for  local  collection  and  dissemina¬ 
tion  of  information,  and  the  rising  interest  in  distri- 
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buted  architectures  for  data  processing  are  but  a  few 
examples. 

Just  as  in  any  field,  the  development  of  local  area 
computer  communication  systems  is  subject  to  a 
number  of  constraints.  Simplicity,  flexibility  and  reli¬ 
ability  usually  portray  these  constraints.  The  environ¬ 
ments  in  question  are  generally  characterized  by  a 
large  and  often  variable  number  of  devices  requiring 
interconnection.  Such  environments  call  for  networks 
with  simple  topologies  and  simple  inexpensive  con¬ 
nection  interfaces  which  provide  great  flexibility  to 
accommodate  the  variability  in  the  environment,  and 
which  achieve  the  desired  level  of  reliability. 

Several  architectures  have  been  proposed  which 
include  MITRE’S  Mitrix,  Bell  Telephone  Laboratory’s 
Spider,  and  U.C.  Irvine’s  Distributed  Computing  Sys¬ 
tem  (DCS)  [1-4].  Spider  and  DCS  use  a  ring  topol¬ 
ogy,  while  Mitrix  uses  two  one-way  busses  imple¬ 
mented  by  CATV  technology.  As  for  system  control, 
Mitrix  and  Spider  use  a  central  mini-computer  for 
switching  and  bandwidth  allocation,  while  DCS  uses 
distributed  control. 

Another  network  architecture,  based  on  the 
packet  broadcasting  technology  and  exemplified  by 
Ethernet  [5]  appears  to  be  a  very  effective  solution  in 
satisfying  the  above  mentioned  constraints.  Packet 
broadcasting  is  attractive  in  -that  it  combines  the 
advantages  of  both  packet  switching  and  broadcast 
communication.  Packet  switching  offers  the  efficient 
sharing  of  communication  resources  by  many  con¬ 
tending  users  with  unpredictable  demands;  broadcast 
communication,  whenever  possible,  eliminates  com¬ 
plex  topological  design  problems.  Given  that  com¬ 
puter  communication  traffic  is  bursty  in  nature,  it 
has  been  well  established  that  it  is  more  efficient  to 
provide  the  available  communication  bandwidth  as  a 
single  high-speed  channel  to  be  shared  by  the  many 
contending  users,  thus  attaining  the  benefits  of  the 
strong  law  of  large  numbers.  This  clearly  results  in  a 
multiaccess  environment  that  calls  for  schemes  to 
control  access  to  the  channel,  referred  to  as  random 
access  schemes.  The  earliest  and  simplest  such  scheme 
is  the  so-called  pure-ALOHA,  first  used  in  the 
ALOHA-System  [6];  unfortunately,  pure-ALOHA 
provides  a  maximum  channel  utilization  which  does 
not  exceed  189&.  Another  such  scheme,  carrier  sense 
multiple  access  (CSMA),  has  been  shown  to  be  highly 
efficient  in  environments  with  propagation  delays 
which  arc  short  compared  to  the  packet  transmission 
time  [7],  In  essence.  CSMA  reduces  the  level  of  inter¬ 
ference  caused  by  overlapping  packets  in  the  random 


multiaccess  channel  by  allowing  devices  to  sense 
carrier  due  to  other  users’  transmissions,  and  inhibit 
transmission  when  the  channel  is  in  use.  Packets 
which  are  inhibited  or  suffer  a  collision  are  resched¬ 
uled  for  transmission  at  a  later  time  according  to 
some  rescheduling  policy. 

Ethernet  is  a  local  communication  network  which 
uses  CSMA  on  a  tapped  coaxial  cable  to  which  all  the 
communicating  devices  are  connected.  The  device 
connection  interface  is  a  passive  cable  tap  so  that 
failure  of  an  interface  does  not  prevent  communica¬ 
tion  among  the  remaining  devices.  The  use  of  a  single 
coaxial  cable  naturally  achieves  broadcast  communi¬ 
cation.  Moreover,  given  the  physical  characteristics 
of  data  transmission  on  coaxial  cables,  in  addition  to 
sensing  carrier,  it  is  possible  for  Ethernet  transceivers 
to  detect  interference  among  several  transmissions 
(including  their  own)  and  abort  transmission  of  their 
colliding  packets.  This  produces  a  variation  of  CSMA 
which  we  refer  to  as  carrier  sense  multiple  access  with 
collision  detection  (CSMA-CD).  It  is  networks  of  the 
Ethernet  type  that  we  address  in  this  paper. 

CSMA  in  fully  connected  environments  has  been 
previously  analyzed  and  its  performance  derived 
[7—10].  We  extend  here  the  analysis  of  CSMA  to 
accommodate  collision  detection.  Tliis  analysis  pro¬ 
vides  the  throughput-delay  performance  of  CSMA-CD 
and  its  dependence  on  such  key  system  parameters  as 
the  average  rescheduling  delay  and  collision  recovery 
time.  We  furthermore  characterize  the  improvement 
gained  by  CSMA-CD  over  CSMA  for  fixed  and  vari¬ 
able  size  packets. 

The  CSMA-CD  schemes  are  described  in  section  2, 
followed  by  the  analysis  in  section  3.  Numerical 
results  are  discussed  in  section  4. 


2.  The  CSMA-CD  schemes 

Carrier  sense  schemes  require  that  each  device  with 
a  packet  ready  for  transmission  senses  the  channel 
prior  to  transmission.  A  number  of  protocols  exist 
which  pertain  to  the  action  taken  by  the  terminal 
after  observing  the  state  of  the  channel.  In  particular, 
a  terminal  never  transmits  when  it  senses  that  the 
channel  is  busy.  Tobagi  and  Kleinrock  described  two 
such  protocols  in  the  context  of  ground  radio  chan¬ 
nels  [7,11].  They  are  the  non-persistent  CSMA  and 
the  p-persistent  CSMA  protocols.  These  protocols  are 
extended  here  to  environments  in  wltich  the  collision 
detection  capability  is  available. 
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In  the  non-persistent  CSMA-CD  scheme,  a  terminal 
with  a  packet  ready  for  transmission  senses  the  chan¬ 
nel  and  proceeds  as  follows. 

1.  If  the  channel  is  sensed  idle,  the  terminal  initiates 
transmission  of  the  packet. 

2.  If  the  channel  is  sensed  busy,  then  the  terminal 
schedules  the  retransmission  of  the  packet  to  some 
later  time  and  repeats  the  algorithm. 

3.  If  a  collision  is  detected  during  transmission,  the 
transmission  is  aborted  and  the  packet  is  scheduled 
for  retransmission  at  some  later  time.  The  terminal 
then  repeats  the  algorithm. 

In  the  1-persistent  CSMA-CD  protocol  (a  special  case 
of  p-persistent  CSMA),  a  terminal  which  finds  the 
channel  busy  persists  on  transmitting  as  soon  as  the 
channel  becomes  free.  Thus  a  ready  terminal  senses 
the  channel  and  proceeds  as  in  nonpersistent  CSMA- 
CD,  except  that,  when  the  channel  is  sensed  busy,  it 
monitors  the  channel  until  it  is  sensed  idle  and  then 
with  probability  one  initiates  transmission  of  the 
packet. 

The  p-persistent  protocol  is  an  enhancement  of  the 
1  -persistent  protocol  by  allowing  ready  terminals  to 
randomize  the  start  of  transmission  following  the 
instant  at  which  the  channel  goes  idle.  Thus  a  ready 
terminal  senses  the  channel  and  proceeds  as  in  the 
above  schemes  except  that  when  the  channel  is  sensed 
busy,  the  terminal  persists  until  the  channel  is  idle, 
and 

(i)  with  probability  p  it  initiates  transmission  of  the 
packet 

(ii)  with  probability  1  -  p  it  delays  transmission  by 
t  seconds  (the  end-to-end  propagation  delay);  if, 
at  this  new  point  in  time,  the  channel  is  sensed 
idle,  then  the  terminal  repeats  this  process  [steps 
(i)  and  (ii)],  otherwise,  it  schedules  retransmis¬ 
sion  of  the  packet  to  some  later  time. 

Note  that  the  p-persistent  and  non-persistent  pro¬ 
tocols  become  identical  if  the  rescheduling  delays  are 
chosen  for  both  protocols  as  an  integer  number  of 
r  delay  units  geometrically  distributed,  with  param¬ 
eter  p  (the  parameter  in  the  p-persistent  protocol). 
This  follows  because  of  the  memoryless  property  of 
the  geometric  distribution.  In  this  paper  we  analyze 
only  the  non-persistent  and  1-persistent  protocols. 

In  all  CSMA-CD  protocols,  given  that  a  transmis¬ 
sion  is  initiated  on  an  empty  channel,  it  is  clear  that  it 
takes  at  most  one  end-to-end  propagation  delay,  r, 
for  the  packet  transmission  to  reach  all  devices,  as 
depicted  in  fig.  1 ;  beyond  this  time  the  channel  is 
guaranteed  to  be  sensed  busy  for  as  long  as  data  trans- 
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Fig.  1.  Collision  Detection  and  Recovery  Time  in  CSMA-CD. 


mission  is  in  process  1 .  A  collision  can  occur  only  if 
another  transmission  is  initiated  before  the  current 
one  is  sensed,  and  it  will  then  take,  at  most,  one 
additional  end-to-end  delay  before  interference 
reaches  all  devices.  (See  fig.  1.)  Let  £  denote  the  time 
it  takes  a  device  to  detect  interference  once  the  latter 
has  reached  it.  £  depends  on  the  implementation  and 
can  be  as  small  as  1  bit  transmission  time,  as  is  the 
case  with  Ethernet  [5].  Furthermore,  Ethernet  has  a 
collision  consensus  reenforcement  mechanism  by 
which  a  device,  experiencing  interference,  jams  the 
channel  to  ensure  that  all  other  interfering  devices 
detect  the  collision.  We  denote  by  f  the  period  used 
for  collision  consensus  reenforcement.  Given  that  a 
collision  occurs,  the  time  until  all  devices  stop  trans¬ 
mission,  t,  is  thus  given  by  : 

1  We  assume  that  the  sensing  operation  is  instantaneous  on 
this  (high-bandwidth)  channel. 

2  This  assumes  that  all  interfering  devices  undertake  the  col¬ 
lision  consensus  reenforcement. 
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7  =  2 T  +  «  +  f  . 

The  time  until  the  channel  is  again  sensed  idle  by  all 
devices  is  clearly  7  +  r. 


3.  Analysis 

We  assume  that  the  time  axis  is  slotted  where  the 
slot  size  is  the  end-to-end  propagation  delay.  For  sim¬ 
plicity  in  analysis,  we  consider  all  devices  to  be  syn¬ 
chronized  and  forced  to  start  packet  transmission 
only  at  the  beginning  of  a  slot.  When  a  device 
becomes  ready  in  some  slot,  it  senses  the  channel 
during  the  slot  and  then  operates  according  to  the 
CSMA-CD  protocols  described  above. 

3.1.  Analysis  of  CSMA-CD  with  fixed  size  packets 

3.1.1.  Channel  capacity 

As  in  previous  analysis  of  random  access  schemes, 
channel  capacity  is  obtained  by  considering  an  infi¬ 
nite  population  model  which  assumes  that  all  devices 
collectively  form  an  independent  Poisson  source,  and 
that  the  average  retransmission  delay  is  arbitrarily 
large  [7,10]. 

Consider  first  the  non-persistent  CSMA-CD  proto¬ 
col.  We  observe  on  the  time  axis  an  alternate  sequence 
of  transmission  periods  (successful  or  unsuccessful) 
and  idle  periods.  A  transmission  period  followed  by 
an  idle  period  is  called  a  cycle  (see  fig.  2).  With  the 
infinite  population  assumption,  all  cycles  are  statisti¬ 
cally  identical.  Let  g  denote  the  rate  of  devices 
becoming  ready  during  a  slot.  Let  T denote  the  trans¬ 
mission  time  (in  slots)  of  a  packet.  A  successful  trans¬ 
mission  period  is  of  length  T+  1  slots.  In  case  of  a 
collision,  the  length  of  a  transmission  period  is  7  +  1 


slots.  Given  that  the  source  is  Poisson,  the  probability 
that  a  transmission  is  successful  isPs  =ge~*/(  1  -  e-y); 
the  average  idle  period  is  /  =  e-*/(l  -  e-*);  the  aver¬ 
age  transmission  period  is  TP  =  PST  +  (1  ~  Ps)  7  +  1 ; 
and  the  throughput  is  given  by 


S 


PJ_ 

TP  +  / 


Tge  g  +  (l-eK-gex)y+l 

The  channel  capacity  is  obtained  by  maximizing  S 
with  repect  to  g. 

Consider  now  the  1 -persistent  CSMA-CD  protocol. 
We  observe  on  the  time  axis  an  alternate  sequence  of 
busy  and  idle  periods,  whereby  a  busy  period  is  any 
collection  of  juxtaposed  transmission  periods  sur¬ 
rounded  by  idle  periods.  A  busy  period  followed  by 
an  idle  period  constitutes  a  cycle  (see  fig.  3).  Again, 
all  cycles  are  statistically  identical.  Let  B  denote  the 
average  duration  of  a  busy  period,  /  the  average  dura¬ 
tion  of  an  idle  period,  and  U  the  average  time  during 
a  cycle  that  the  channel  is  carrying  successful  trans¬ 
missions.  The  throughput  is  given  by  S  =  U/(B  +  /). 
In  this  infinite  population  model,  the  success  or  failure 
of  a  transmission  period  in  the  busy  period  is  only 
dependent  on  the  preceding  transmission  period  (and 
thus  its  length),  except  for  the  first  transmission 
period  of  the  busy  period,  which  depends  on  arrivals 
in  the  preceding  slot.  Accordingly,  given  that  a  trans¬ 
mission  period  in  the  busy  period  is  of  length  X(X  = 
T  +  1  or  y  +  1),  the  length  of  the  remainder  of  the 
busy  period  is  a  function  of  X,  and  we  let  B(X) 
denote  its  average.  In  the  same  manner  we  define 
U(X).  Let  <7,(20  be  the  probability  that  there  are 
i  arrivals  in  X  slots.  Under  the  Poisson  assumption, 
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q,{X)  =  (gX)‘*  gX/il.  B(X)  is  given  by 

BQO  =  [7*  +  1  +  (1  -q0(T+l))B(T  +  1)] 


X  [7+  1  +(1  -<7o(7+  l))fl(7+  D]  ■  (2) 

Writing  eq.  (2)  with  X  =  T  +  1  and  X  =  y  +  1 ,  we  ob¬ 
tain  two  equations  in  the  two  unknowns,  B{T  +  1) 
and  Bit  +  1).  The  average  busy  period  B  is  then  given 
by  fi(l),  expressed  in  terras  of  B(T  +  1)  and  B(y  +  1). 
Similarly,  U(X)  is  given  by 

U(X)  =  ;  — 3?  ■  [T  +  (1  -  q0(T  +  1))  U(T  +  1)1 
1  -  q0(X) 

*  [l  -  +  0)  1/(7  +  D1  . 

L  1  —  qo(X)J  (3) 

By  taking  X  =  T  +  1  and  X  =  y  +  1,  we  obtain  two 
equations  in  the  two  unknowns  U(J  +  1)  and 
CJ(y  +  1).  As  above,  U  =  C/(l)  given  in  terms  of 
U{T  +  1)  and  U(y  +  1).  /  is  simply  equal  to 
1/(1  -  e-*).  Note  that  when  y=T,  the  expression  for 
the  throughput  of  1-persistent  CSMA-CD  reduces  to 
that  of  1-persistent  CSMA  as  given  in  [71. 

3.1.2.  Delay  Analysis 

We  consider  here  the  non-persistent  protocol.  To 
analyze  packet  dealy,  we  adopt  the  same  “linear  feed¬ 
back  model”  used  for  the  analysis  of  CSMA  in 
[9,10].  The  model  consists  of  a  finite  population  of 
M  devices  in  which  each  device  can  be  in  one  of  two 
states:  backlogged  or  thinking.  In  the  thinking  state, 
a  device  generates  and  transmits  (provided  that  the 


channel  is  sensed  idle)  a  new  packet  in  a  slot  with 
probability  o.  A  device  is  said  to  be  backlogged  if  its 
packet  either  had  a  channel  collision  or  was  blocked 
because  of  a  busy  channel.  A  backlogged  device 
remains  in  that  state  until  it  completes  successful 
transmission  of  the  packet,  at  which  time  it  switches 
to  the  thinking  state.  The  rescheduling  delay  of  a 
backlogged  packet  is  assumed  to  be  geometrically 
distributed  with  a  mean  of  \jv  slots;  this  in  effect  is 
identical  to  considering  that  each  backlogged  user 
senses  the  channel  in  the  current  slot  with  a  prob¬ 
ability  v. 

In  this  study,  we  assume  M,  a  and  v  to  be  time 
invariant.  We  consider  t  (the  slot  size)  to  be  the  unit 
of  time.  We  again  denote  by  S  the  average  stationary 
channel  throughput  defined  as  the  fraction  of  channel 
time  occupied  by  valid  transmissions.  We  denote  by  C 
the  channel  capacity  defined  as  the  maximum  achiev¬ 
able  channel  throughput.  We  finally  denote  by  D  the 
average  packet  delay  defined  as  the  time  lapse  from 
when  the  packet  is  first  generated  until  it  is  success¬ 
fully  received  by  the  destination  device. 

Let  jV*  be  a  random  variable  representing  the  num¬ 
ber  of  backlogged  devices  at  the  beginning  of  slot  t. 
We  follow  the  approach  used  in  [9],  and  consider  the 
embedded  Markov  chain  identified  by  the  first  slot  of 
each  idle  period  (see  fig.  4).  We  then  use  properties 
resulting  from  the  theory  of  regenerative  processes  to 
derive  the  stationary  channel  performance  under 
CSMA-CD,  as  outlined  in  [9,10}. 

We  seek  the  transition  probability  matrix  P 
between  consecutive  embedded  points.  P  is  the  pro¬ 
duct  of  several  single-slot  transition  matrices  which 
we  now  define.  N1  is  invariant  over  the  entire  idle 
period  except  over  slot  te  +  /  -  1 .  We  denote  by  R 
the  transition  matrix  for  slot  re  +  /  -  1  and  Q  for  all 
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F  ig.  4.  The  Embedded  Slots  in  Nonpersistent  CSMA  Schemes. 


remaining  slots  of  the  busy  period.  Since  the  length 
of  the  busy  period  depends  on  the  number  of  devices 
which  become  ready  in  slot  re  +  /  -  1 ,  we  write  R  as 
R=S  +  F,  where  the  (/,  A:)th  elements  of  S  and  F are 
defined  as 

sik  =  Pr(Arfe+/  =  k  and  transmission 

is  successful  liVfe+/— 1  =  /}  ,  (4) 

fik  -  Pr  {N'e*1  =  k  and  transmi  iion 

is  unsuccessful  IAffe+/_1  =  i]  .  (5) 

For  any  slot  t  in  the  busy  period,  Q  simply  reflects 
the  addition  to  the  backlog  from  theM  -  N‘  thinking 
devices.  If  the  transmission  is  successful,  the  trans¬ 
mission  period  has  length  T  +  1 ;  if  it  is  unsuccessful, 
its  length  is  7  +  1 .  The  transition  matrix  P  is  therefore 
expressed  as 

P  =  SQt*  xJ  +  FQy+ 1  ,  (6) 

where  S,  F,  and  Q  are  given  by 


for  k  <  i 


(1  -q^-'QKl  - 
I  -  (1  -  k)'(1  -  of-' 

for  k  =  i 

(M  -  i)o(  1  -  of-'-'  ( 1  -  tr\' 

i  -  (i  -vfi  1  -  oy 

for  k  =  i  +  1 


1  -(1  -  v)‘(  1  -af 
for  k>  i  +  1 


for  k  <  i 

«ik=  ,w  (9) 

for  k  >  i 

and  where  J  represents  the  fact  that  a  successful 
transmission  decreases  the  backlog  by  1,  its  (i,  fc)th 
elements  being  defined  as 


for  k  =  i  -  I 


[  otherwise 

It  is  clear  that  with  7=7',  the  above  expression  for  P 
then  corresponds  to  CSMA  without  CD.  Let  n  = 
[7T0,  tti . tt.vr]  denote  the  stationary  probability  dis¬ 

tribution  of  N'  at  the  embedded  points,  n  is  obtained 
by  the  recursive  solution  of  n  =  n P. 

Since  ;Vfe  is  a  regenerative  process,  the  average 
stationary  channel  throughput  is  computed  as  the 
ratio  of  time  the  channel  is  carrying  successful  trans¬ 
mission  during  a  cycle  (an  idle  period  followed  by  a 
busy  period)  averaged  over  all  cycles,  to  the  average 
cycle  length  [9,10].  Therefore  we  have 
M 

Tj  itjP s(0  T 


for  k  >  (  +  1 


Err,  - l  +  P s(0  T  +  [1  -/>,(/)]  7 

1=0  l-o, 


(ID 
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Pt(t)  is  the  probability  of  a  successful  transmission 
during  a  cycle  with  N*e  =  i,  and  is  given  by 

P,(i)  =  «M  -  0  <Ki  -  oy^'-'d  - 

+  IK  1  -  *')f-1(l  -  oyu-‘)l(  l  -  (1  -  v)‘{\  -  af-‘) 

(12) 

(1  -  5 /)■*,  where  5,  =(1  -  -  o)M~‘ ,  is  theaver- 

age  idle  period  given  Ntf  =  i. 

Similarly,  the  average  channel  backlog  is  computed 
as  the  ratio  of  the  expected  sum  of  backlogs  over  all 
slots  in  a  cycle  (averaged  over  all  cycles),  to  the  aver¬ 
age  cycle  length  [9,10],  Therefore  we  have 


Af 


N  = 


yjn 

l—J  TTj’ 
i=0 

Li-s/'4®! 

M 


£  n,  : - -  +  1  +  Pt(0  T  +  [1  -  Ps(i)]  7 

i=0  1 1  ~Oj 


(13) 


where  A(i)  is  the  expected  sum  of  backlogs  over  all 
slots  in  the  busy  period  with  A* e  =  /,  and  is  given  by  3 


T  M  t  M 

= £  £/[s<2%  +  £  UnFQfh 

1=0  /=( 


1=0  j=i 


(14) 


By  Little’s  result  [12],  the  average  packet  delay  (nor¬ 
malized  to  T ]  is  simply  expressed  as 

D=N/S  (15) 


3.2.  Analysis  of  CSMA-CD  with  variable  size  packets 
T  is  now  a  discrete  random  variable.  Let 

oo 

£7T(z)  =  £  zfPr'T  =  /l  (16) 

t=  I 

be  the  generating  function  of  the  distribution  of  T.  In 
case  of  collison,  regardless  of  the  number  of  colliding 
packets  and  their  lengths,  the  length  of  the  busy 
period  is  7  +  1.  In  case  of  success,  the  length  of  the 
busy  period  is  now  random  and  has  the  same  distribu- 

3  t  or  an  arbitrary  matrix  B.  we  adopt  the  notation  ( B ] (/  to 
represent  the  (1.  /)th  element  of  B. 


tion  as  T  +  1 .  The  reason  this  is  true,  despite  the  fact 
that  the  length  of  a  packet  remains  constant  during 
its  entire  lifetime,  is  simply  explained  by  the  fact  that 
the  successful  or  unsuccessful  outcome  of  a  transmis¬ 
sion  period  is  solely  dependent  on  the  number  of 
devices  becoming  ready  at  the  beginning  of  that  trans¬ 
mission  period,  and  is  independent  of  the  lengths  of 
the  contending  packets.  Since  the  length  of  the  busy 
period  in  case  of  a  collision  is  constant  (equal  to 
7+1),  the  evolution  of  the  channel  over  time  is  sta¬ 
tistically  identical  to  that  in  which  the  length  of  a 
packet  is  drawn  from  the  packet  length  distribution 
only  when  its  transmission  is  successful. 

However,  in  the  case  of  CSMA  without  collision 
detection,  the  collision  period  is  a  function  of  the 
lengths  of  the  contending  packets  so  the  evolution  of 
the  channel  over  time  is  not  statistically  identical  to 
that  in  which  the  length  of  a  packet  is  drawn  from 
the  length  distribution  upon  success.  We  include  in 
appendix  A  an  approximate  analysis  of  CSMA  in 
which  the  packet  length  at  each  transmission  is  inde¬ 
pendently  redrawn  from  the  packet  length  distribu¬ 
tion. 

The  performance  of  nonpersistent  CSMA-CD  can 
thus  be  obtained  from  the  previous  analysis  with  the 
following  simple  modifications.  The  matrix  P  is  now 
rewritten  as 

P  =  SGt(Q)  QJ  +  FQy*1  (17) 

and  T  is  replaced  by 

Tk  £rPr{T=  r}  (18) 

t 

the  average  packet  size,  in  all  of  equations  (1),  (11), 
(13)  and  (14). 

In  this  case,  the  average  packet  delay  given  by  Eq. 
(15)  is  normalized  with  respect  to  T.  For  the  same 
reason  stated  above,  the  average  channel  acquisition 
time  (i.e.,  the  time  from  when  a  packet  is  generated 
until  it  starts  its  successful  transmission),  denoted  by 
If  (in  slots),  is  given  by 

If  =  Df-  f  (19) 

Accordingly,  the  delay  incurred  by  packets  of  length 
t  is  expressed  as 

Dt  =  If  +  t  (in  slots) .  (20) 

It  is  interesting  to  note  that  for  any  throughput  S,  the 
difference  in  the  delay  incurred  by  packets  of  two 
different  sizes  is  just  the  difference  in  transmission 
time  of  these  packets.  Smaller  packets  incur  a  smaller 
delay.  The  throughput  contributed  by  packets  of 
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size  t ,  denoted  by  Sr  is  expressed  as 

rPrfr  =  r}  S 
f  • 


(21) 


4.  Numerical  Results  and  Discussion 
4.  /.  Fixed  Packet  Size 

The  behavior  of  CSMA-CD  for  fixed  y  is,  as 
expected,  similar  to  that  of  CSMA  [9],  namely  its 
throughput-delay  performance  is  sensitive  to  v ,  and 
therefore  to  the  average  retransmission  delay.  Figures  5 
and  6  display  the  throughput-delay  curves  for  non- 
persistent  CSMA  and  CSMA-CD  respectively,  with 
M  =  SO,  T  =  100,  y  =2,  and  various  values  of  v.  For 
a  fixed  value  of  u,  the  channel  exhibits  a  maximum 
achievable  throughput  which  depends  on  that  value, 
hereafter  referred  to  as  the  ^-capacity.  We  observe 
that,  for  a  given  v,  CSMA-CD  always  achieves,  again 
as  expected,  lower  delay  for  a  given  throughput  and  a 
higher  ^-capacity  4.  The  optimum  throughput-delay 
performance  is  obtained  by  taking  the  lower  envelope 
of  all  fixed -r1  curves.  Overall,  CSMA-CD  provides  an 
improvement  both  in  terms  of  channel  capacity  and 
throughput-delay  characteristics. 

We  discuss  now  the  sensitivity  of  this  improvement 
to  the  collision  detect  time,  y,  and  the  packet 
length  T.  Just  as  with  CSMA,  the  larger  T  is,  the 
better  is  the  CSMA-CD  performance  for  fixed  y.  In 
fig.  7,  we  plot  the  channel  capacity  for  the  nonper- 
sistent  CSMA-CD  versus  y  for  various  packet  lengths. 
The  capacity  at  7  =  T  is  that  of  CSMA.  The  relative 
improvement  in  channel  capacity  obtained  by  CSMA- 
CD  becomes  more  important  as  T  decreases,  that  is, 
as  the  performance  of  CSMA  degrades.  We  note  for 
example  that  at  best  (i.e.,  when  y  =  2)  this  relative 
improvement  is  about  16%  (0.62  to  0.76)  for  T  -  10 
and  about  1 1%  (0.86  to  0.96)  for  T  -  100.  Clearly, 
for  larger  T  {T  >  100),  nonpersistent  CSMA  provides 
relatively  high  channel  capacity,  and  thus  leaves  little 
margin  for  improvement.  With  the  1-persistent  proto¬ 
col,  however,  the  improvement  can  be  more  substan¬ 
tial.  Channel  capacity  increases  from  about  0.53  for 


4  Note  that  for  all  values  of  v  used  in  plotting  tigs.  5  and  6, 
the  v-capacity  with  CSMA-CD  approached  the  channel 
capacity  (maximized  over  v);  there  are  values  of  v  (higher 
than  v  =  0.15)  for  which  the  v-capacity  is  much  lower  than 
the  CSMA-CD  channel  capacity  similarly  to  what  is  seen  in 
fig.  5  for  CSMA  and  v  =  0.10. 


Fig.  5.  The  Throughput-Delay  Tradeoff  in  CSMA  at  Fixed  v. 


Fig.  6.  The  Throughput-Delay  Tradeoff  in  CSMA-CD  at 
Fixed  v. 
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Fig.  7.  Channel  Capacity  Versus  y  in  CSMA-CD. 


1-persistent  CSMA  to  about  0.93  for  1-persistent 
CSMA-CD  with  7=2. 

The  effect  of  CD  on  the  minimum  delay  (opti¬ 
mized  with  respect  to  v)  for  a  fixed  channel  through¬ 
put  is  seen  in  fig.  8,  where  we  plot  this  minimum 
delay  versus  y  for  the  nonpersistent  case  with  M  =  50 
and  T  =  100.  We  note  that  the  higher  the  throughput 
is  the  better  is  the  improvement.  At  low  throughput 
(e.g.,  S  =  0.20),  the  delay  is  insensitive  to  y.  With 
moderately  high  throughputs  (e.g.,  5  =  0.68),  the 
delay  with  CSMA-CD  (at  y  =  2)  is  70%  that  of  CSMA. 
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Fig.  8.  Packer  Delay  in  CSMA-CD  ai  Fixed  Throughput 
Versus  y. 


to  1  to0  to'  to2 

G  ^OFFERED  CHANNEL  TRAFFIC, 


Fig.  9.  Throughput  Versus  Channel  Traffic  (Infinite  Popula¬ 
tion  Model). 

As  the  throughput  approaches  the  CSMA  channel 
capacity  (e.g.  S  =  0.84)  the  ratio  in  delay  can  be  as 
low  as  1/3  in  favor  of  collision  detection  (7  =  2).  Of 
course,  for  even  higher  throughputs,  CSMA-CD 
achieves  a  finite  delay  as  long  as  7  is  sufficiently 
small. 

The  ( S .  G)  relationship  for  CSMA-CD  is  displayed 
in  fig.  9  along  with  the  curves  corresponding  to  the 
ALOHA  and  CSMA  schemes.  This  figure  exhibits 
again  the  improvement  in  channel  capacity  gained  by 
CSMA-CD  over  all  other  schemes.  For  random  access 


1 0  -  _  _ _ _ _  _ 

r  CSM.CO 


Fig.  10.  Channel  Capacity  and  Packet  Delay  at  Fixed 
Throughput  Versus  v  for  CSMA  and  CSM  A-CD. 


254 


I'.A.  Tobagi,  I'.B.  Hunt  I  Carrier  sense  Multiple  Access 


schemes  in  general,  the  fact  that  the  throughput 
drops  to  zero  as  the  offered  channel  traffic  increases 
indefinitely  is  indicative  of  unstable  behavior  [9, 14). 
With  CSMA-CD  the  ability  to  maintain  a  throughput 
relatively  high  and  near  capacity  over  a  very  large 
range  of  the  offered  channel  traffic  (see  fig.  9)  sug¬ 
gests  that  CSMA-CD  may  not  be  as  unstable  as  the 
other  schemes.  That  is,  in  the  absence  of  dynamic 
control,  CSMA-CD  is  capable  of  sustaining  proper 
behavior  when  the  channel  load  exceeds  that  for 
which  the  system  has  been  tuned  (i.e.,  optimized  with 
respect  to  v).  (Note  that,  with  respect  to  this  stability 
argument,  the  nonpersistent  CSMA-CD  proves  to  be 
superior  to  1 -persistent  CSMA-CD,  in  that  it  offers 
high  throughput  over  a  larger  range  of  the  offered 
traffic.)  We  further  illustrate  this  important  feature 
by  plotting  in  fig.  10,  as  a  function  of  v,  the  v-capac- 
ity  and  the  packet  delay  at  various  channel  through¬ 
puts  for  both  nonpersistent  CSMA  and  CSMA-CD 
(y  =  2)  with  T  =  100  and  M  =  50.  As  v  approaches 
zero,  the  delay  at  fixed  throughput  gets  arbitrarily 
large  (due  to  large  retransmission  delays),  while  as  v 
approaches  1 ,  the  e-capacity  approaches  zero  (due  to 
higher  level  of  interference  among  backlogged 
devices).  Thus  there  is  a  limited  range  for  v  which  is 
of  practical  interest.  As  we  see  in  fig.  10,  for  T  -  100 
this  range  is  about  (0.005,  0.3).  The  ('-capacity  curve 
for  CSMA-CD  is  flat  over  a  large  portion  of  this  range; 
with  CSMA,  the  (/-capacity  drops  steadily  as  v 
increases,  and  exhibits  insensitivity  only  for  smaller 
values  of  v  falling  outside  our  range.  Consider  now 
CSMA.  Given  a  channel  throughput  S ,  packet  delay 
decreases  as  we  increase  v  (starting  from  relatively 
small  values)  and  remains  relatively  constant,  until, 
due  to  the  decrease  in  (/-capacity,  we  reach  a  value  of 
v  for  which  the  (/-capacity  approaches  S,  and  thus  the 
delay  increases  very  sharply;  this  “practical”  range  of 
v  gets  narrower  as  5  increases,  indicating  that  for  high 
throughput,  the  system  requires  fine  tuning.  Let  S  = 
0.60  be,  for  example,  the  (moderate)  stationary  chan¬ 
nel  throughput  we  expect  the  system  to  support.  The 
channel  is  properly  tuned  (i.e.,  minimum  delay  is 
achieved)  for  v  in  the  range  (0.04,  0.08).  Consider 
now  that  the  offered  load  on  the  channel  is  time- 
varying  and  suppose  that  the  desired  throughput 
exceeds  0.60  reaching  values  close  to  channel  capac¬ 
ity  (e.g.,  S  =  0.84).  This  actually  happens  for  increas¬ 
ing  values  of  a  (i.e.,  when  devices  generate  packets  at 
a  faster  rate).  If  the  desired  load  remains  at  such  a 
high  value  for  a  relatively  long  period  of  time  the 
channel  saturates  (i.e.,  the  throughput  drops  to  a  low 


value,  nearly  all  devices  become  backlogged  and 
packet  delay  increases  indefinitely).  We  can  certainly 
support  variations  in  offered  load  covering  the  entire 
range  of  achievable  throughputs  (5  <  0.84)  by  setting 
i/  at  a  value  in  the  (now  narrow)  range  corresponding 
to  S  -  0.84.  This  is  achieved  at  the  expense  of 
increased  average  delay  for  S  =  0.60  of  36%  (from  2.2 
to  3)  unless,  of  course,  dynamic  control  is  exercised 
[9]. 

With  CSMA-CD,  on  the  contrary,  there  is  a  rela¬ 
tively  wide  range  of  u  for  which  the  delay  at  fixed 
throughput  is  near  optimum  for  all  throughput  levels 
up  to  0.92. 

Numerical  results  obtained  for  different  values  of 
the  system  parameters,  namely  M  =  50  and  250,  and 
T-  10  and  100  have  shown  that  basically  as  T 
decreases  or  as  M  increases  or  both,  then  CSMA-CD 
starts  exhibiting  a  behavior  similar  to  that  of  CSMA, 
while  always  achieving  improved  performance. 

In  summary,  the  kind  of  improvement  over  slotted 
ALOHA  we  saw  in  [9]  for  CSMA  due  to  carrier 
sensing,  is  now  seen  in  CSMA-CD  over  CSMA. 

4.2.  Variable  Packet  Size 

It  is  clear  from  the  above  discussion  that  as  the 
packet  size  decreases  the  improvement  obtained  with 
collision  detection  is  more  important.  We  inquire  here 
about  the  performance  of  the  channel  with  collision 
detection  when  packets  are  of  variable  length.  Instead 


Kig.  11.  CSMA  Channel  Capacity  Versus  a  for  Dual  Packet 
Size. 
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of  examining  the  general  message  length  distribution 
case,  we  present  here  numerical  results  for  the  simpler 
dual  packet  size  case;  that  is,  traffic  consists  of  a  mix¬ 
ture  of  short  and  long  packets.  This  simple  distribu¬ 
tion  represents  accurately  many  real  situations, 
among  them  the  important  instance  of  the  mixture  of 
short  packets  resulting  from  interactive  traffic  and 
long  packets  resulting  from  file  transfers.  In  fact, 
measurements  performed  on  Xerox’s  Ethernet  have 
clearly  exhibited  such  a  distribution  [IS].  Moreover, 
results  obtained  here  are  expected  to  be  representa¬ 
tive  of  the  performance  of  a  channel  in  more  general 
packet  length  distributions. 

We  let  Lx  ( L-i )  denote  the  transmission  time  of 
short  (long)  packets.  We  let  a  denote  the  fraction  of 
packets  generated  which  are  short.  Figure  1 1  displays 
the  non-persistent  CSMA  channel  capacity  versus  a 
for  the  case  of  short  packets  equal  to  10  (slots)  and 
three  cases  of  long  packets  (100,  200,  400).  The 
capacity  of  the  channel  decreases  as  a  increases.  With 
larger  values  of  L2  (e.g.,  Li  =  400),  this  decrease  is 
fairly  slow  until  a  is  about  0.80;  beyond  0.80  the 
capacity  rapidly  declines  to  reach  the  (lower)  capac¬ 
ity  of  T  =  Lv.  This  shows  that  a  relatively  small  frac¬ 
tion  of  long  packets  in  the  traffic  mix  can  result  in  a 
channel  utilization  close  to  that  obtained  with  only 
long  packets.  However  it  is  important  to  note  that,  as 
the  fraction  of  long  packets  increases,  the  fraction 
of  channel  capacity  due  to  long  packets,  denoted  by 
Ci,  increases  extremely  rapidly  to  the  detriment  of 
that  due  to  short  packets,  denoted  by  Cit  which 
decreases  dramatically.  This  is  seen  in  fig.  1 1  where 
we  also  plot  C(  and  Cj  versus  a.  Recall  that,  by  Equa¬ 
tion  (21)  which  also  holds  for  CSMA  under  the 
independence  assumption,  C1  and  C2  are  given  by 


c,-  aL'  c. 

(22) 

otZ.,  +  ( 1  -  a)  Li 

(1  -a)Li 

(23) 

Ci  = - T  C  , 

otLx  +  ( 1  -  “)  Li 

where  C  is  the  channel  capacity. 

In  fig.  12  we  plot  the  capacity  versus  a  forCSMA- 
CD  (L  i  =  10,  Li  =  100)  at  various  values  of  y,  along 
with  the  corresponding  CSMA  capacity  curve.  The 
insensitivity  of  CSMA-CD  capacity  to  variations  of 
a  over  a  large  range  of  a  is  more  apparent  than  with 
CSMA.  However,  the  relative  importance  of  Ct  and 
Ci  remains  the  same  as  in  CSMA  since  the  ratio  of  C, 
and  Ci  is  independent  of  the  capacity. 

In  fig.  13  we  plot  the  packet  delay  (averaged  over 


Fig.  12.  CSMA-CD  Channel  Capacity  Versus  a  for  Dual 
Packet  Size. 


all  packets  and  normalized  to  Z. , )  versus  throughput 
for  various  values  of  a  for  both  CSMA  and  CSMA-CD. 
Packet  delay  includes  the  (successful)  transmission 
time  of  the  packet;  thus  clearly  as  the  fraction  of 
long  packets  increases,  so  does  the  average  packet 
delay.  Figure  13  exhibits  the  clear  tradeoff  between 
average  packet  delay  and  attainable  channel  capacity 
as  the  mix  a  varies.  The  improvement  due  to  collision 
detection  is  also  apparent  for  all  values  of  a. 

Most  commonly,  short  packets  belong  to  inter¬ 
active  users  who  require  small  delay,  while  long 
packets  result  from  file  transfer  which,  when  intro- 
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Fig.  13.  Average  Packer  Delay  Versus  Channel  Throughput 
for  Various  Values  of  a  (Dual  Packet  Size). 
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ig.  14.  Packet  Delays  for  Short  and  Long  Packets  Versus 
iiannel  Throughput  for  Fixed  a. 
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Fig.  16.  D\  and  D2  Versus  1  -  a  for  Constant  5^ . 


Fig.  15.  Tlvroughput-Dclay  Characteristics  for  Short  and 
Long  Packets. 


duced,  allow  to  recover  an  important  fraction  of  the 
excess  capacity.  We  inquire  now  as  to  the  behavior 
and  relative  importance  of  the  system  performance 
measures  with  respect  to  each  of  the  two  packet  sizes. 
Let  5,  (S2)  and  D,  (D2)  denote  the  throughput  and 
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Fig.  17.  Channel  Throughput  S  Versus  1  ot  lor  Constant  Sx . 
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packet  delay  for  short  (long)  packets,  respectively.  In 
fig.  14  we  plot  for  CSMA-CD,  D,  and  Di  versus  S 
(Si  +  S2)  for  various  values  of  a  and  M  =  50;  L,  =  10; 
Li  =  100;  7  =  2.  As  pointed  out  in  the  previous  sec¬ 
tion  the  difference  between  D2  and  Dx  for  a  given 
value  of  a  is  always  Li  —  Lx.  For  a  given  global 
achievable  channel  utilization  S,  D\  and  Di  increase 
as  the  fraction  of  long  packets  increases  in  the  mix; 
indeed  the  presence  of  long  packets  increases  the 
waiting  time  W  (the  time  to  acquire  the  channel).  In 
fig.  15,  we  plot  D i  and  Di  versus  S(  and  S2  respec¬ 
tively  for  various  values  of  a,  illustrating  the  degrada¬ 
tion  in  throughput-delay  tradeoff  for  short  packets  as 
the  fraction  of  long  packets  1  —  a  increases.  The 
throughput-delay  tradeoff  for  long  packets,  how- 
ever,  improves. 

Consider  now  a  channel  required  to  support  inter¬ 
active  traffic  at  some  level  5 ,.  Certainly  S\  has  to  be 
lower  than  the  channel  capacity  at  a  =  1 .  Assume  that 
Si  is  at  some  low  level  (e.g.,  0.05  to  0.2).  The  intro¬ 
duction  of  long  (file  transfer)  packets  in  view  of 
achieving  a  higher  channel  utilization  has  the  negative 
effect  of  significantly  increasing  the  delay  for  the 
interactive  traffic.  This  is  illustrated  in  fig.  16  where 
we  plot  D\  versus  1  —  a  for  fixed  values  of  Si  -  Clearly 
the  channel  utilization  increases  with  1  -  at  as  shown 
in  fig.  17  where  we  plot  S  versus  1  -  a  for  fixed  S,. 
Thus  in  summary  as  the  traffic  mix  includes  more  and 
more  long  packets,  the  overall  channel  capacity  is 
improved  in  favor  of  long  packets  and  to  the  detri¬ 
ment  of  the  throughput-delay  performance  of  short 
packets,  indicating  the  need  for  priority  schemes  to 
maintain  good  performance  for  interactive  traffic. 

5.  Conclusion 

We  extended  the  models  used  in  the  analysis  of 
CSMA  to  cover  the  cases  of  collision  detection  and 
variable  size  packets.  It  was  shown  that  the  through¬ 
put-delay  characteristics  of  CSMA-CD  are  better  than 
the  already  highly  efficient  CSMA  scheme.  We  charac¬ 
terized  the  improvement  in  terms  of  the  achievable 
channel  capacity  and  of  the  packet  delay  at  a  given 
channel  utilization  as  a  function  of  the  collision 
detection  time.  Furthermore  we  established  the  fact 
that  in  uncontrolled  channels  (i.e.,  with  a  fixed  aver¬ 
age  retransmission  delay)  CSMA-CD  is  more  stable 
than  CSMA,  in  that  with  CSMA-CD  both  channel 
capacity  and  packet  delay  are  less  sensitive  to  varia¬ 
tions  in  the  average  retransmission  delay. 

We  then  studied  the  performance  of  these  schemes 


in  presence  of  variable  size  packets.  Numerical  results 
have  been  obtained  for  the  interesting  case  of  dual 
packet  size.  It  was  shown  that  a  small  fraction  of  long 
packets  is  sufficient  to  recover  a  channel  capacity 
close  to  the  (higher)  capacity  achieved  with  only  long 
packets.  However  the  improvement  experienced  by 
the  introduction  of  long  packets  is  in  favor  to  the 
latter  and  to  the  detriment  of  the  throughput-delay 
performance  of  short  packets,  establishing  the  neces¬ 
sity  to  design  and  implement  priority  schemes. 
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Appendix 

A.  Variable  Packet  Size  CSMA  Without  Collision 
Detection 

All  previous  analyses  of  CSMA  have  dealt  with  fixed 
packet  size  [7-10],  In  order  to  compare  the  performance  of 
CSMA-CD  to  that  of  CSMA  in  presence  of  variable  size 
packets,  we  undertake  here  the  analysis  of  the  latter.  An  im¬ 
portant  factor  contributes  to  the  complexity  of  an  exact 
analysis.  Contrary  to  CSMA-CD,  the  length  of  a  busy  period 
here  is  a  function  of  the  number  of  contending  devices  and 
their  packet  lengths.  Accordingly,  the  backlog  at  an  em¬ 
bedded  point  is  a  function  of  not  only  the  backlog  at  the 
previous  embedded  point  but  also  on  the  length  of  packets  in 
the  backlog.  Conversely,  the  packet  length  distribution  for 
those  packets  in  the  backlog  is  correlated  with  the  number  of 
such  packets.  For  the  sake  of  tractability  we  consider  an 
approximate  analysis  based  on  removing  this  correlation  by 
continually  redrawing  the  lengths  of  packets  independently 
from  the  packet  length  distribution  s. 

Let  ,Vfe  =  ('  be  the  state  of  the  system  at  some  embedded 
point  re;  let  k  denote  the  number  of  backlogged  devices  at 
the  start  of  the  corresponding  transmission  period  (that  is, 
k  -  i  new  devices  have  joined  the  backlog  in  the  last  slot  of 
the  idle  period).  Let  B  be  the  random  variable  representing 
the  number  of  devices  simultaneously  transmitting.  If  the 
transmission  period  is  successful,  then#  =  1  with  probability 
one.  Given  Vre  =  /  and  given  that  the  transmission  period  is 
unsuccessful,  the  distribution  of  B  is  given  by 


5  This  assumption  was  made  by  Ferguson  in  the  analysis  of 
pure-ALOHA  which  exhibits  a  similar  correlation:  the  valid¬ 
ity  of  the  assumption  in  the  context  of  pure-ALOHA  was 
verified  by  simulation  (13|. 
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Pg(b\i\  failure;*  -  /')  4 

Pr{fl  =  b\Nlt  =  i  and  transmission  unsuccessful  and 
*  -  i  new  arrivals} 


(ft  -  *  +  i)  (*  *)(1  -  i 
*  -  i>  2;k  -  i  <b  <  * 

(*  -  l)  v6-1(l  -  v)*'-®*1 


-  1/ 

i  -d  -vy 
k  -  i  =  l;2<  b  <  k 


Wr/®g  -  vy-b 

1  -  iv(  1  -  v)‘~ 1  -  (1  -  v)‘ 

(k-i-0\  2<b<k 

otherwise 


The  length  of  the  busy  period,  denoted  by  rmax,  is  equal  to 
the  maximum  length  among  all  B  packets.  Given  B  =  b,  the 
distribution  of  7m  ax  is  given  by 

P Tmax(t' ®)  ±  Pr  {Tmax  <  t\B  =6}  =  [Pr  (T  <  r}i*  .  (A2) 

It  is  thus  dear  from  the  above  discussion  that  the  length  of 
the  busy  period  is  a  function  of  the  state  of  the  system  in 
slot  re(yv*e  «  Mfe  +  1  ~  »  =  j)  and  in  slot  re  +  HN* e  *l  =  k). 
Given  the  two  latter  conditions,  and  given  that  Tmtx  =  t ,  the 
state  of  the  system  at  the  next  embedded  point  is  /  with 
probability  [Qf  *  1  ]  k;.  Therefore,  removing  all  conditions, 
the  (i,  /) th  element  of  the  transition  matrix  P  is  now  given  by 

Pi,  =  (SGt«?)  QJ\„ 

M  /  k  “ 


X  Pg(bli\  failure;*  -  f)j  •  (A3) 

Similar  considerations  lead  to  the  following  expressions  for 
the  stationary  channel  throughput  and  backlog: 
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M 
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Under  the  independence  assumption  made  in  analyzing 
CSMA_with  variable  size  packets,  the  delay  obtained  by  the 
ratio  N/S  is  normalized  with  respect  to  T.  Moreover  under 
this  assumption  equations  (19),  (20),  and  (21)  hold  here  too. 


B.  Derivation  of  Channel  Capacity  Using  the  Infinite 
Population  Model 

Here  all  cycles  are  statistically  identical.  The  average  time 
during  a  cycle  Jhat_the  channel  is  carrying  a  valid  transmis¬ 
sion  is  simply^ (7  =  Tgt~gl(  1  -  e~*).  The  average  idle  period 
is,  as  before,  I  =  e~*/(  1  -  e-*).  The  distribution  of  B  is  given 
by  Pr[5  =  h]  *  £®e-*/6!(  1  -  e-*).  Given  B  =  b,  the  average 
transmission  period  is 

am 

TP  =  Zy  1 1  -  (Pr  (r  <  t})bj  .  (A9) 

r=t 

Therefore  the  throughput  is  given  by 

5  = - — - - —  .  (A10) 

OO  (M 

1*E  Z/(g*/6!)[l  -(Pr{rqr})®| 

b=i  r=t 
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1 .  Introduction 

There  are  numerous  reasons  why  local  area  com¬ 
munication  networks  have  registered  such  significant 
advances  in  the  past  few  years.  As  examples,  one  can 
cite  the  recent  interest  in  applying  the  increasingly 
inexpensive  processing  power  to  office  and  industrial 
automation,  the  necessity  to  share  expensive  scarce 
resources,  the  need  for  local  collection  and  dissemina¬ 
tion  of  information,  and  the  growing  interest  in  dis¬ 
tributed  architectures  for  data  processing. 

Just  as  in  any  field,  the  development  of  local-area 
computer  communication  systems  is  subject  to  a 
number  of  constraints.  Typical  of  these  are  such  basic 
features  as  simplicity,  flexibility  and  reliability.  The 
environments  in  question  are  generally  characterized 
by  a  large  number  of  devices,  often  relatively  inex¬ 
pensive,  that  require  interconnection.  Such  environ¬ 
ments  call  for  networks  with  simple  topologies  and 
simple,  low-cost  interfaces,  that  provide  considerable 
flexibility  for  accommodating  the  variability  in  the 
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environment  and  ensure  the  desired  reliability. 

Several  architectures  have  been  proposed,  including 
Mitre's  Mitrix,  UC/Irvine’s  Distributed  Computer  Sys¬ 
tem  (DCS)  and  Xerox's  Ethernet  [1,2,3 ,4).  An  ele¬ 
ment  common  to  them  all  is  the  packet  broadcasting 
technology  on  which  they  are  based.  Packet  broad¬ 
casting  is  attractive  in  that  it  combines  the  advantages 
of  both  packet  switching  and  broadcast  communica¬ 
tion.  Packet  switching  offers  the  efficient  sharing  of 
communication  resources  by  many  contending  users 
with  heterogeneous  requirements.  Broadcast  commu¬ 
nication,  whenever  possible,  eliminates  complex  topo¬ 
logical  design  problems.  It  is  well  understood  that 
computer  communication  traffic  is  bursty.  Conse¬ 
quently,  it  has  been  established  that,  rather  than  fur¬ 
nish  individual  low-speed  channels  to  users,  it  is  more 
efficient  to  provide  the  available  communication 
bandwidth  as  a  single  high-speed  channel  to  be  shared 
by  the  contending  users.  This  solution  conveys  with  it 
the  attendant  benefits  of  the  law  of  large  numbers, 
which  states  that  with  very  high  probability  the  aggre¬ 
gate  demand  placed  on  the  channel  will  be  equal  to  the 
sum  of  the  average  individual  demands. 

The  need  for  priority  functions  in  multiaccess 
environments  is  clear.  One  is  usually  tempted  to  mul¬ 
tiplex  traffic  from  several  users  and  different  applica¬ 
tions  on  the  same  bandwidth-limited  channel  in  order 
to  achieve  a  higher  utilization  of  the  channel.  Since 
different  applications  impose  different  requirements 
on  the  system,  it  is  important  that  multiaccess 
schemes  be  responsive  to  the  particular  exigencies  of 
each.  Priority  functions  offer  a  solution  to  this  prob¬ 
lem,  and  constitute  the  subject  of  this  paper. 

In  Section  2  we  shall  describe  briefly  the  various 
network  architectures  and  their  characteristics  - 
namely,  the  bidirectional  broadcast  systems  (BBS)  of 
the  Ethernet  type,  the  unidirectional  ring  networks, 
and  the  unidirectional  broadcast  systems  (UBS).  In 
Section  3  we  illustrate  the  need  for  priority  functions 
in  multiaccess  environments.  We  then  propose  and 
discuss  priority  schemes  appropriate  to  each  of  the 
three  specific  environments  described  earlier. 


2.  Network  Architectures  and  their  Characteristics 

2. 1.  Bidirectional  Broadcast  Systems  (BBS) 

In  bidirectional  broadcast  systems,  such  as  Ether¬ 
net  (4j,  all  the  communicating  devices  are  connected 
to  a  common  cable  on  which  transmission  signals 


propagate  in  both  directions.  The  device  connection 
interface  is  a  passive  cable  tap,  so  that  failure  of  an 
interface  will  not  prevent  the  remaining  devices  from 
communicating.  The  interface  is  capable  of  identi¬ 
fying  and  accepting  messages  destined  for  it.  The  use 
of  a  single  coaxial  cable  with  bidirectional  transmis¬ 
sion  naturally  achieves  broadcast  communication. 

The  difficulty  encountered  in  controlling  access  to 
the  channel  by  users  who  can  communicate  via  that 
channel  only  has  given  rise  to  what  are  known  as 
random-access  techniques.  The  best-known  schemes 
are  ALOHA  [5J  and  carrier-sense  multiple  access 
(CSMA)  [6].  In  the  ALOHA  scheme,  users  transmit 
any  time  they  desire;  when  conflicts  occur,  the  con¬ 
flicting  users  reschedule  transmission  of  their  packets. 
In  the  CSMA  scheme  the  risk  of  a  collision  is 
decreased  by  having  users  sense  the  channel  prior  to 
transmission.  If  the  channel  is  sensed  busy,  transmis¬ 
sion  is  inhibited.  CSMA  performs  well  only  if  the 
propagation  delay  is  short  compared  to  the  transmis¬ 
sion  time  of  a  packet  (a  situation  encountered  in 
local-area  networks  and  ground  radio  systems)  and  if 
all  users  can  hear  all  transmissions  on  the  channel  (i.e.. 
when  the  system  is  physically  fully  connected,  as  is 
the  case  with  BBS). 

Many  CSMA  protocols  exist  that  differ  as  regards 
the  action  taken  by  a  ready  subscriber  that  finds  the 
channel  busy.  In  the  nonpersistent  CSMA,  the  termi¬ 
nal  simply  schedules  the  retransmission  of  the  packet 
to  some  later  time.  In  the  1 -persistent  CSMA,  the 
terminal  monitors  the  channel,  waits  until  it  goes  idle 
and  then  transmits  the  packet  with  probability  1 .  In 
the  p-persistent  CSMA,  the  terminal  monitors  the 
channel  as  in  1-persistent  but,  when  the  channel  does 
go  idle,  it  transmits  the  packet  with  probability  p 
only,  and  with  probability  1  -p  it  waits  through  the 
maximum  propagation  delay  interval  and  then  repeats 
the  process  as  long  as  the  channel  is  still  sensed  idle.  1 

Given  the  physical  characteristics  of  data  transmis¬ 
sion  on  coaxial  cables,  in  addition  to  sensing  the  car¬ 
rier  it  is  possible  for  transceivers  to  detect  interfer¬ 
ence  among  several  transmissions  (including  their 
own)  and  abort  the  transmission  of  their  colliding 
packets.  This  produces  a  variation  of  CSMA  referred 
to  as  carrier-sense  multiple  access  with  collision  detec¬ 
tion  (CSMA-CD)  [4,7 J. 

1  Maximum  propagation  delay  is  the  time  required  for  signals 
to  propagate  between  the  two  most  disparate  transmitter 
and  receiver  in  the  system.  It  is  therefore  the  elapsed  time 
after  which  a  transmitted  signal  is  guaranteed  to  have  been 
received  by  all  subscribers. 
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2.2.  Ring  Networks 

In  a  ring  topology  messages  are  passed  from  node 
to  node  along  unidirectional  links  until  they  reach 
their  destination  or,  if  required  by  the  protocol,  until 
they  return  to  the  originating  node.  Each  subscriber  is 
attached  to  the  cable  by  means  of  an  active  tap  that 
allows  the  information  to  be  examined  before  it  pro¬ 
ceeds  along  the  cable.  This,  in  effect,  renders  the  ring 
a  ‘cut-through  store-and-forward’  architecture,  in 
which,  to  avoid  excessive  delays,  messages  are  not 
stored  in  their  entirety  but  rather  (re)-transmitted 
onto  the  cable  as  soon  as  possible.  The  delay  incurred 
at  each  intermediate  node  can  thus  le  limited  to  a 
small  number  of  bit-times. 

A  simple  access  scheme  suitable  for  a  ring  consists 
of  passing  the  right  of  access  sequentially  from  node 
to  node  around  the  ring.  (Note  that  in  a  ring  the 
physical  locations  of  the  nodes  define  a  natural  order¬ 
ing  among  them).  One  implementation  of  this  scheme 
is  exemplified  by  the  Distributed  Computing  Sys¬ 
tem’s  network,  in  which  an  8-bit  control  token  is 
passed  sequentially  around  the  ring  [81-  Any  node 
with  a  ready  message,  upon  receiving  the  control 
token,  may  remove  the  token  from  the  ring,  send  the 
message,  and  then  pass  the  token  on.  Another  imple- 
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mentation  consists  of  providing  a  number  of  message 
slots  that  are  continuously  transmitted  around  the 
ring.  A  message  slot  may  be  empty  or  full:  a  node 
with  a  ready  message  waits  until  an  empty  slot  comes 
by,  marks  it  as  full,  and  then  uses  it  to  send  its  mes¬ 
sage  [9,10,1 1], 

Still  another  strategy  is  known  as  the  register 
insertion  technique  [  1 2 J.  Here  a  message  to  be  trans¬ 
mitted  is  first  loaded  into  a  shift  register.  If  the  ring 
is  idle,  the  shift  register  is  simply  transmitted.  If  not, 
the  register  is  inserted  into  the  network  loop  at  the 
next  point  separating  two  adjacent  messages;  the  mes¬ 
sage  to  be  sent  is  shifted  out  onto  the  ring  while  an 
incoming  message  is  shifted  into  the  register.  The 
shift  register  can  be  removed  from  the  network  loop 
when  the  transmitted  message  has  returned  to  it.  The 
insertion  of  a  register  has  the  effect  of  prolonging  the 
transport  delay  of  messages  on  the  ring. 

2.3.  Unidirectional  broadcast  system  (UBS) 

By  contrast  to  the  BBS,  transmission  signals  in  a 
UBS  are  forced  to  propagate  in  only  one  direction  of 
the  cable.  This  may  be  achieved,  for  example,  by  the 
use  of  taps  that  considerably  attenuate  the  signals  in 
the  opposite  direction  (CATV  technology  utilizes 
such  taps  which  have  also  been  used  by  such  local 
networks  as  MITRIX  [  1 J ). 

The  entire  system  consists  of  two  interconnected 
unidirectional  channels  -  the  forward  (or  outbound) 
channel  and  the  reverse  (or  inbound)  channel.  Sub¬ 
scriber  devices  are  connected  to  both  channels  via 
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Pig.  3.  Total  channel  utilization  versus  the  fraction  of  long 
packets  for  constant  throughput  S\. 

passive  taps.  In  the  simplest  case,  the  tap  on  the  for¬ 
ward  portion  of  the  cable  is  used  for  message  trans¬ 
mittal,  while  the  tap  on  the  reverse  portion  is  used  for 
message  reception.  The  channel  interconnection  can 
be  simply  implemented  by  folding  a  single  cable. 

Broadcast  communication  is  accomplished  because 
all  signals  traverse  the  entire  inbound  channel  to 
which  all  devices  are  attached.  This  configuration 
results  in  an  inherent  physical  ordering  of  the  sub¬ 
scribers,  a  feature  we  take  advantage  of  in  the  sequel. 
Fig.  I  displays  the  various  architectures  schematically. 

3.  On  Priority  Functions  in  Multiaccess  Environments 
3.1.  Illustrating  the  Need  for  Priority  Functions 

To  illustrate  the  need  for  priority  functions  in 
multiaccess  environments,  we  consider  the  following 
scenario  on  a  broadcast  bus  used  with  the  nonpersis- 
tent  CSMA-CD  protocol.  Assume  that  the  channel  is 
required  to  support  interactive  traffic  at  some  low 
throughout  level  St,  (e.g.,  5%  to  20%  of  the  available 
bandwidth).  Clearly  a  large  portion  of  the  channel  is 
unused,  and  can  be  recovered  if  we  allow  traffic  from 
other  applications,  such  as  file  transfer,  to  be  trans¬ 
mitted  on  the  channel  simultaneously.  File  transfer 
traffic  typically  consists  of  packets  that  are  ‘long' 
compared  with  those  encountered  in  interactive  traf¬ 
fic.  Analysis  of  CSMA-CD  with  variable  packet  size 
[7]  has  shown  that  higher  channel  utilization  is 
indeed  achieved  by  the  introduction  of  file  transfer 
packets,  but  to  the  detriment  of  the  short  interactive 


packets  which  consequently  experience  increasingly 
long  delays. 

Numerical  results  (taken  from  [7 J )  are  displayed 
in  Figs.  2  and  3.  Denoting  by  1  -  a  the  fraction  of 
long  packets  introduced  into  the  mix,  Fig.  2  shows  a 
plot  of  packet  delays  Di  and  D2  as  incurred  by  short 
packets  of  size  Lt  =  10 r,  and  long  packets  of  size 
£j=100r  (where  t  is  the  maximum  propagation 
delay)  versus  1  -  a.  Fig.  3  shows  a  plot  of  the  total 
channel  utilization  achieved  versus  1  -  a.  To  recover 
the  available  excess  capacity  while  maintaining  an 
acceptable  performance  for  interactive  traffic,  we 
need  to  implement  a  scheme  that  gives  to  all  interac¬ 
tive  messages  priority  over  file  transfer  messages. 

3.2.  General  Specifications  Required  of  Priority’ 

Schemes 

Little  work  has  been  done  in  attempting  to  incor¬ 
porate  priority  functions  into  multiaccess  protocols. 
The  distributed  nature  of  the  system  has  been  a  major 
obstacle.  Priority  functions  here  are  viewed  in  their 
most  general  sense;  that  is,  priority  is  defined  as  a 
function  of  the  message  to  be  transmitted  and  not  of 
the  device  transmitting  the  message.  Before  proceed¬ 
ing  with  a  description  of  priority  schemes,  we  briefly 
discuss  here  the  requirements  for  acceptability  of  a 
priority  scheme: 

( 1 )  Hierarchical  independence  of  performance  - 
The  performance  of  the  scheme  as  seen  by  messages 
of  a  given  priority  class  should  be  uneffected  by  the 
load  exercised  on  the  channel  by  lower  priority 
classes.  Increasing  loads  from  lower  classes  should  not 
degrade  the  performance  of  higher-priority  classes. 

(2)  Fairness  within  each  priority  class  -  Several 
messages  of  the  same  priority  class  may  be  present 
simultaneously  in  the  system.  These  should  be  able  to 
contend  equally  on  the  communication  bandwidth. 

(3)  Robustness  -  A  priority  scheme  must  be 
robust  in  that  its  proper  operation  and  performance 
should  be  uneffected  by  errors  in  status  information. 

(4)  Low  overhead  -  The  overhead  required  to  im¬ 
plement  the  priority  scheme  (including  any  control 
information  to  be  exchanged  among  the  contending 
users,  as  required  by  the  scheme)  must  be  kept  mini¬ 
mal. 

To  satisfy  requirement  (1 ),  a  priority  scheme  must 
be  based  on  the  principle  that  the  right  of  access  ‘at 
any  instant-  be  given  exclusively  to  ready  messages  of 
the  highest  current  priority  level.  This  principle  is 
easy  to  achieve  in  a  nondistributed  environment,  such 
as  a  single-server  queueing  system,  where  one  has 
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knowledge  of  all  events  occurring  in  the  system.  In  a 
distributed  environment,  such  as  the  one  in  question 
there  are  three  basic  problems  that  we  need  to 
address  in  designing  a  multiaccess  protocol  with  a 
message-based  priority  function: 

(1)  identifying  the  exact  instants  at  which  to  assess 
the  highest  current  priority  class  that  has  ready  mes¬ 
sages; 

(2)  design  of  a  mechanism  for  assessing  the  highest 
nonempty  priority  class; 

(3)  design  of  a  mechanism  tha;  assigns  the  channel 
to  the  various  ready  users  within  a  class. 

In  the  following  sections  we  provide  solutions  to 
these  problems  for  each  of  the  network  architectures 
described  in  Section  2. 


4.  A  Priority  Scheme  for  Bidirectional  Broadcast 
Systems 

4.1.  Mechanism  for  Priority  Assessment  (Nonpreemp- 
tive  Discipline) 

Because  of  the  broadcast  nature  of  transmission, 
users  can  monitor  activity  on  the  channel  at  all  times. 
Assessment  of  the  highest  priority  class  with  ready 
messages  is  done,  (as  is  the  case  in  the  nonpreemptive 
discipline)  at  least  at  the  end  of  each  transmission 
period,  whether  successful  or  not,  i.e.,  every  time  the 
carrier  on  the  channel  goes  idle.  When  detected  at  a 
subscriber,  end-of-carrier  (EOC)  establishes  a  time 
reference  for  that  subscriber.  Following  EOC,  the 
channel  time  is  considered  to  be  slotted  with  the  slot 
size  equal  to  2r  +  y,  where  t  denotes  the  maximum 
one-way  propagation  delay  between  pairs  of  sub¬ 
scribers,  and  y  is  a  sufficiently  long  interval  for  a  sub¬ 
scriber  to  detect  an  unmodulated  carrier.  The  priority 
of  a  subscriber  at  any  time  is  the  highest-priority  class 
with  messages  present  in  its  queue. 

Let  s  denote  an  arbitrary  subscriber  and  EOC(s) 
denote  the  time  of  end-of-carrier  at  subscriber  s.  Let 
p(s )  denote  the  priority  level  of  subscriber  s  at  time 
EOC(s).  The  priority  assessment  algorithm  has  sub¬ 
scriber  s  operate  as  follows: 

(1)  If,  following  EOC(s),  carrier  is  detected  in  slot 
/,  with  i<p(s )  (thus  meaning  that  at  least  one  sub¬ 
scriber  has  priority  i  higher  than  p(s)  and  that  access 
right  must  be  granted  to  class  /'),  then  subscriber  s 
awaits  the  following  end-of-carrier  (at  the  end  of  the 
next  transmission  period)  at  which  time  it  reevalu¬ 
ates  its  priority  and  repeats  this  step. 


(2)  If,  following  EOC(s),  no  carrier  is  detected 
prior  to  the  /th  slot,  where /  =  p(s),  subscriber  s  trans¬ 
mits  a  short  burst  of  unmodulated  carrier  of  duration 
y  at  the  beginning  of  slot  /  (thus  reserving  channel 
access  to  priority  class  p(s)  and,  immediately  follow¬ 
ing  this  slot,  operates  according  to  the  contention 
resolution  algorithm  decided  upon  within  class  p(s) 
(such  as  p-persistent  CSMA,  for  example).  At  the 
next  end-of-carrier,  subscriber  s  reevaluates  its  prior¬ 
ity  level  and  repeats  the  algorithm  (step  1  above). 

(3)  If,  following  EOC,  no  reservation  burst  is 
detected  for  K  consecutive  slots,  where  K  is  the  total 
number  of  priority  classes  available  in  the  system, 
then  the  channel  becomes  free  to  be  accessed  by  any 
subscriber,  regardless  of  its  priority,  until  a  new  EOC 
is  detected. 

Thus,  by  means  of  short-burst  reservations  fol¬ 
lowing  EOC,  the  highest  nonempty  priority  class  is 
granted  exclusive  access  right,  and  messages  within 
that  class  can  access  the  channel  according  to  any 
contention  algorithm.  If  the  contention  algorithm  is 
CSMA,  we  refer  to  the  scheme  as  prioritized  CSMA 
(P-CSMA). 

Note  that  the  above  algorithm  corresponds  to  a 
nonpreemptive  discipline,  since  a  subscriber  that  has 
been  denied  access  does  not  reevaluate  its  priority  un¬ 
til  the  next  end-of-carrier.  However,  note  that,  by 
assessing  the  highest  priority  level  at  the  end  of  each 
transmission  period,  whether  the  latter  has  been  suc¬ 
cessful  or  not,  the  scheme  allows  higher-priority  mes¬ 
sages  to  regain  the  right  of  access  without  incurring 
substantial  delays. 

The  scheme  is  robust,  as  no  precise  information 
regarding  the  demand  placed  upon  the  channel  is 
exchanged  among  the  users.  Information  regarding 
the  existing  priority  classes  is  implied  by  the  position 
of  the  burst  of  unmodulated  carrier  following  EOC. 
Note  also  that  there  is  no  need  to  synchronize  all 
users  with  a  universal  time  reference.  By  choosing  the 
slot  size  to  be  2r  +  y,  we  guarantee  that  a  burst  emit¬ 
ted  by  any  subscriber  in  its  Ath  slot  is  received  with 
the  Ath  slot  of  all  other  subscribers. 

We  illustrate  this  procedure  in  Fig.  4  by  displaying 
a  snapshot  of  the  activity  on  the  channel.  For  the 
sake  of  simplicity  and  without  loss  of  generality  we 
consider,  in  this  illustration  that  there  are  only  two 
possible  priority  levels  in  the  system.  We  denote  by 
/!,  and  the  number  of  active  subscribers  in  class  1 
(Ci)  and  class  2  (C:),  respectively.  We  adopt  the  con¬ 
vention  that  Ct  has  priority  over  C:.  We  also  show  a 
reservation  burst  as  occupying  the  entire  slot  in  which 
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it  is  transmitted.  Finally,  we  represent  by  a  vertical 
upward  arrow  the  arrival  of  a  new  message  to  the  sys¬ 
tem;  the  label  C,  or  C2  indicates  the  priority  class  to 
which  the  message  belongs.  In  Fig.  4  we  assume  that 
we  have  rt ,  =  0  and  n2  >  0  at  the  first  EOC. 

Following  EOC,  a  reservation  burst  is  transmitted 
in  the  second  slot.  In  this  case  the  priority  resolution 
period,  also  called  priority  assessment  period  (PAP), 
is  equal  to  two  slots.  Following  the  reservation,  we 
observed  a  channel  access  period  (CAP)  consisting  of 
the  elapsed  idle  time  until  the  channel  is  accessed  by 
some  user(s)  in  class  2.  Clearly  CAP  is  a  function  of 
the  channel  access  procedure  employed  by  class  2. 
Following  CAP  we  observe  the  transmission  period 
(TP)  itself,  the  end  of  which  establishes  the  new  EOC 
time  reference.  (A  cross-hatched  TP  signifies  a  colli¬ 
sion.)  The  time  between  a  reservation  and  the  fol¬ 
lowing  EOC,  called  the  contention  period  and  equals 
to  CAP  +  TP,  is  the  interval  during  which  exclusive 
access  right  is  given  to  the  class  that  succeeded  in 
reserving  the  channel.  In  this  ncnpreemptive  case, 
message  arrival  C,  -  although  of  higher  priority  -  is 
not  granted  access  until  the  EOC  following  its  arrival, 
at  which  time  it  reserves  the  channel. 

Note  that  the  overhead  incurred  in  a  resolution 
period  following  EOC  is  a  function  of  the  current 
highest-priority  level.  The  higher  this  class,  the 
smaller  the  overhead  and  the  smaller  the  delay  in 
gaining  access. 

4.2.  I -Persistant  and  p-Persistent  P-CSMA 

Immediately  after  a  reservation  burst  for  class  i, 
the  p-persistent  CSMA  scheme  consists  of  having  each 
subscriber  with  priority  /  do  the  following: 

(1) with  probability  p  it  transmits  the  message; 

(2)  with  probability  1  -p  it  delays  the  transmis¬ 
sion  by  t  sec  and  repeats  this  procedure  (provided 
the  channel  is  still  sensed  idle). 

This  is  equivalent  to  having  each  subscriber  with 


priority  i  transmit  its  message  following  a  geometri¬ 
cally  distributed  delay  with  mean  1  Ip  propagation 
delays,  provided  that  no  carrier  is  detected  prior  to 
that  time.  When  EOC  is  detected,  a  new  time  refer¬ 
ence  is  established  and  a  new  reservation  period 
undertaken. 

In  a  1 -persistent  CSMA  mode,  subscribers  with 
ready  messages,  instead  of  sending  a  short  burst  to 
indicate  a  reservation,  simply  start  transmission  of 
their  highest-priority  messages  in  the  corresponding 
slot  following  EOC  -  provided,  of  course,  that  no 
carrier  is  detected  in  previous  slots.  If  a  single  sub¬ 
scriber  is  transmitting,  its  transmission  is  successful 
and  transmission  termination  establishes  a  new  EOC 
time  reference. 

On  the  other  hand,  if  two  Or  more  subscribers 
overlap  in  transmission,  a  collision  results;  all  users 
become  aware  of  the  collision  and  will  consider  it  in 
lieu  of  a  reservation.  In  other  words,  the  end  of  this 
first  transmission  does  not  constitute  a  new  time  ref¬ 
erence  and  so  no  new  reservation  period  is  started. 
All  subscribers  involved  in  the  collision  randomly 
reschedule  the  transmission  of  their  respective  mes¬ 
sages  according  to  some  distribution  (e.g..a  geometri¬ 
cally  distributed  number  of  t  periods,  with  mean 
1  Ip).  The  subscribers  transmit  their  messages  at  the 
scheduled  time,  provided  that  no  carrier  is  detected 
at  that  time.  The  end  of  this  new  transmission  period 
constitutes  a  new  time  reference  and  the  procedure  is 
repeated.  (See  Fig.  5.) 

In  general,  1 -persistent  CSMA  is  known  to  be  infe¬ 
rior  to  its  p-persistent  counterpart,  since  p  =  1  is  cer¬ 
tainly  not  optimum  if  the  likelihood  of  having  several 
subscribers  with  ready  messages  of  the  same  priority 
level  is  high.  However,  if  the  load  placed  on  the  chan¬ 
nel  by  some  priority  class  is  known  to  be  low  (as 
would  most  probably  be  the  case  for  high -priority 
levels  to  guarantee  their  performance),  then  1 -persis¬ 
tent  CSMA  used  within  that  class  may  present  some 
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benefit.  In  environments  where  a  collision  detection 
feature  is  available  and  the  collision  detection  and 
recovery  period  is  small  (on  the  order  of  2 t  +  y ,  as  is 
the  case  with  Ethernet),  1 -persistent  CSMA  is  clearly 
superior  to  p-persistent  CSMA. 

4.3.  A  Semipreemptive  P-CSMA  Scheme 

Consider  that,  after  the  reservation  process  has 
taken  place,  the  channel  has  been  assigned  to  class 
/.  Assume  that,  before  a  transmission  takes  place,  a 
message  of  level  i.  i  <  /,  is  generated  at  some  sub¬ 
scriber  s.  The  nonpreemptive  scheme  dictates  that 
subscriber  s  await  the  next  time  reference  before  it 
can  ascertain  its  (higher)  level  i.  The  semipreemptive 
scheme  allows  subscriber  s  to  preempt  the  right  of 
access  to  class  /,  as  long  as  no  transmission  from  class 
/  has  yet  taken  place,  by  simply  transmitting  the  mes¬ 
sage.  If  the  generation  of  the  level  i  message  takes 
place  after  a  transmission  period  is  initiated,  sub¬ 
scriber  s  waits  until  end-of-carrier  is  detected.  Both 
nonpreemptive  and  semipreemptive  schemes  are 
applicable,  whether  or  not  collision  detection  is  in 
effect. 

4.4.  A  Preemptive  P-CSMA  Scheme 

The  difference  between  this  scheme  and  the  semi¬ 
preemptive  P-CSMA  is  that  a  subscriber  with  a  newly 
generated  packet  may  also  preempt  an  ongoing  trans¬ 
mission  of  a  lower-priority  level  by  intentionally 
causing  a  collision.  Clearly  this  scheme  is  only  appro¬ 
priate  if  collision  detection  is  in  effect!  It  can  offer 
some  benefit  if  lower  priority  classes  have  long  mes¬ 
sages.  One  may  also  envision  an  adaptive  preemption 
scheme  whereby  an  ongoing  transmission  is  preemp¬ 
tive  only  if  the  already  elapsed  transmission  time  is 
short. 


5.  Priority  Schemes  for  Ring  Networks 

In  a  unidirectional  transmission  system,  unidirec¬ 
tionality  lends  itself  to  a  simple  ordering  of  the  sub¬ 
scribers.  In  the  algorithms  described  in  this  and  the 
next  sections,  we  make  use  of  this  ordering  to  assign 
the  channel  to  the  highest  priority  class  and  to 
resolve  conflicts  among  messages  of  the  same  priority 
class.  In  this  section  we  consider  the  ring  architec¬ 
ture  and  describe  a  nonpreemptive  scheme. 

The  use  of  tokens,  as  described  in  Section  2, 
results  in  round-robin  scheduling,  because  the  sub¬ 
scriber  immediately  following  the  last  one  to  trans¬ 
mit  is  the  first  to  identify  the  token  at  the  end  of  the 
message;  it  is  therefore  first  to  have  a  chance  to  trans¬ 
mit  its  message.  Depending  on  the  load,  it  is  possible 
to  observe  a  concatenation  of  messages  on  the  bus 
(i.e.,  messages  appearing  in  tandem  on  the  cable)  and 
we  assume  that  each  subscriber  can  identify  packet 
boundaries  in  such  a  concatenation.  This  token  algo¬ 
rithm  must  be  modified  to  fit  a  prioritized  environ¬ 
ment,  because  we  must  ensure  that  no  low-priority 
message  is  transmitted  if  a  higher-priority  one  is 
ready,  even  if  the  subscriber  with  the  lower-priority 
message  is  the  first  to  encounter  the  token.  One  way 
this  could  be  achieved  is  by  augmenting  the  token 
algorithm  with  the  capability  to  intercept  messages; 
that  is,  a  ready  subscriber  will  intercept  the  message 
currently  being  transmitted  if  its  own  message  'S  of  a 
higher  priority. 

Let  us  assume  that  each  message  is  preceded  by  a 
number  representing  its  priority  (followed,  as  usual, 
by  source  and  destination  identifiers  and  by  data  por¬ 
tions).  Let  s  denote  an  arbitrary  subscriber  with  a 
ready  message  and  let  BOM(s)and  LOM(s)  denote  the 
time  at  which  subscriber  s  identifies  the  beginning 
and  end  of  a  message  respectively.  Further,  let  p(s) 
denote  the  priority  of  subscriber  s  at  time  BOM(s) 
and  p(msg)  the  priority  level  of  the  message  currently 
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being  transmitted.  Subscriber  s  with  a  ready  message 
will  operate  as  follows: 

(1) lf,  following  EOM(s),  a  token  is  encountered 
this  subscriber  will  replace  the  token  with  its  own 
message  followed  by  a  token. 

(2)  If,  following  EOM(s),  the  beginning  of  a  mes¬ 
sage  (BOM)  in  a  concatenation  of  messages  is  encoun¬ 
tered  then: 

(a)  If  p(s)  >p(msg),  the  current  message  will  be 
intercepted,  i.e.,  the  subscriber  will  remove  the 
current  message  from  the  ring  and  replace  it 
with  its  own  (higher-priority)  message.  If  the 
intercepted  message  is  followed  by  a  token,  the 
subscriber  will  also  follow  its  message  with  a 
token. 

(b)  If  p(s)<=p(msg)  the  subscriber  will  defer 
transmission,  wait  until  the  next  EOM,  and  then 
repeat  this  algorithm  (step  1 ). 

In  many  cases  the  round-trip  propagation  delay  on 
the  ring  is  shorter  than  the  length  of  a  message;  hence 
an  intercepting  message  may  arrive  at  the  originator 
of  the  intercepted  message  while  it  is  still  transmit¬ 
ting.  In  these  cases,  we  require  that  a  subscriber 
whose  message  has  been  intercepted  abort  its  current 
transmission. 

The  critical  element  in  this  algorithm  lies  in  the 
replacement  of  the  intercepted  message  by  the  inter¬ 
cepting  one.  Such  substitution  implies  that  the  inter¬ 
cepted  message  has  been  lost  and  will  have  to  be 
retransmitted.  Under  certain  circumstances,  this  inter¬ 
ception  can  lead  to  a  distortion  of  the  order  of  mes¬ 
sages  on  the  ring.  Assume  for  example,  that  three 
messages  form  a  concatenation  on  the  ring  with  corre¬ 
sponding  priorities  of  1  (highest),  3,  and  4.  A  ready 
subscriber  with  p(s)  =  2  will  defer  to  the  first  message 
and  will  intercept  the  second  message  in  the  sequence. 
The  third  message  of  priority  4  will  remain  unaf¬ 
fected  and  can  arrive  at  its  destination.  The  net  result 
is  that  a  message  of  priority  4  (lowest)  is  successfully 
transmitted  while  a  higher  priority  message  waits. 
This  reordering  does  not  quite  contradict  the  hierar¬ 
chical-independence  requirement  of  priority  schemes 
(Section  3)  since  it  was  the  high-priority  message  that 
intervened  and  caused  this  reordering.  Nevertheless, 
if  a  stricter  ordering  is  desired,  the  following  is  pro¬ 
posed. 

A  possible  solution  is  to  separate  priority  class 
resolution  from  the  message  transmission  in  a  manner 
similar  to  that  of  the  R-CSMA  algorithm  described  in 
the  previous  section.  After  end-of-message  (EOM). 
ready  subscribers  commence  a  reservation  period. 


during  which  the  channel  behaves  like  in  the  intercep¬ 
tion  algorithm  described  above.  At  the  end  of  this 
period  exactly  one  subscriber  from  the  current  higii- 
est-priority  class  is  identified  and  will  transmit  its 
message. 

Each  ready  subscriber  prepares  a  reservation  mes¬ 
sage  containing  only  the  priority  level  p(s),  without 
any  source  and  destination  information.  At  the  EOM, 
if  a  token  is  encountered  on  the  ring,  a  ready  sub¬ 
scriber  replaces  it  with  its  reservation  message  (witli 
no  following  token).  Otherwise,  if  a  reservation  mes¬ 
sage  is  encountered,  the  subscriber  intercepts  it  or 
defers  to  it  depending  whether  p(s)  is  higher  or  lower 
than  the  current  reservation  message.  Accordingly,  at 
most  one  reservation  message  exists  on  the  ring  at  any 
one  time;  after  one  round  trip  it  contains  the  highest 
priority  of  all  ready  subscribers. 

After  one  round  trip,  each  ready  subscriber  (refer¬ 
red  to  as  in  the  READY  state)  has  had  a  chance  to 
place  its  reservation;  the  ready  subscribers  can  be 
divided  into  two  groups  -  those  that  did  not  inter¬ 
cept  a  reservation  message  and  remained  in  the  READY 
state,  and  those  that  did  intercept  a  reservation  mes¬ 
sage  and  moved  to  the  ALERT  state  because  they  po¬ 
tentially  belong  to  the  current  highest-priority  class. 
It  should  be  noted  that  there  can  be  at  most  one  sub¬ 
scriber  of  each  priority  class  in  the  ALERT  state.  The 
ALERT  subscriber  of  the  highest  priority  is  the  one 
that  generated  the  current  reservation  message.  We 
therefore  continue  to  circulate  the  reservation  mes¬ 
sage  until  it  reaches  the  subscriber  that  generated  it. 
The  latter  will  then  replace  it  with  its  true  message, 
followed  by  a  token. 

In  sum,  therefore,  a  subscriber  in  the  READY 
state  waits  until  EOM  and  then  operates  as  follows: 

( 1 )  If  a  token  is  identified,  it  is  replaced  by  the 
reservation  message. 

(2)  If  a  reservation  message  is  identified  and  if 
p(s)>p{ msg),  i.e.,  this  subscriber  has  a  message  of 
higher  priority  than  the  current  one.  the  current 
reservation  message  will  be  replaced  by  a  reservation 
for  p(s).  The  subscriber  moves  to  the  ALERT  state. 

(3)  If  p(s)<p(ntsg).  the  subscriber  remains  m 
the  READY  state  and  wait  until  EOM.  at  which  time 
the  algorithm  is  repeated  (step  1  above). 

And  a  subscriber  in  the  ALERT  state  will  operate 
as  follows: 

( 1 )  If  a  reservation  message  is  received  with  p(s)~ 
/j(msg)  the  subscriber  removes  that  reservation  mes¬ 
sage.  transmits  its  data  message  lollowed  by  a  token, 
and  resets  its  state. 
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(2)  If  a  reservation  message  is  received  with  p(s)  # 
p(msg)  the  subscriber  moves  to  the  READY  state  and 
repeats  the  algorithm. 

According  to  the  above,  the  reservation  message 
must  go  through  at  least  one  round  trip  and  at  most 
two.  The  first  round  trip  serves  to  identify  the  priori¬ 
ties  of  the  ready  subscribers.  The  reservation  message 
stops  after  this  round  trip  if  the  first  subscriber  is  also 
of  the  highest  priority,  but  continues  for  one  addi¬ 
tional  full  round  trip  if  the  highest  priority  subscriber 
is  the  last  one.  Note  that  the  reservation  packet  is 
very  short  and  that  the  comparison  between  p(s)  and 
p(msg)  can  be  done  in  each  subscriber  within  a  delay 
interval  of  only  one  bit!  Since  reservation  messages 
are  all  of  equal  length,  message  replacement  as  called 
for  in  step  (2)  of  the  algorithm  can  be  accomplished 
easily. 

In  both  of  the  above  algorithms  the  subscriber  im¬ 
mediately  following  the  one  currently  transmitting  is 
the  first  to  identify  an  EOM  condition.  It  thus  has  the 
opportunity  to  be  first  to  transmit  a  message.  Since 
both  algorithms  are  memoryless  across  priority 
classes,  this  occurs  regardless  of  the  subscriber’s  prior¬ 
ity  class  and  results  in  unfairness.  This  can  be  illu¬ 
strated  by  the  following  example.  Assume  subscribers 
are  numbered  5,.  S2,  S3  ...  and  that  Si  has  a  message 
of  priority  1  (highest),  whereas  the  rest  have  a  mes¬ 
sage  of  priority  2.  After  subscriber  Si  has  transmitted 
its  message,  S2  transmits.  If,  at  this  point,  Si  has 
another-high  priority  message,  it  will  be  transmitted 
(and  rightfully  so)  but  after  that  transmission  S2  will 
have  a  second  chance  to  transmit  a  message  before  S3 
gets  its  first  chance. 

Remedying  this  situation  requires  that  more  infor¬ 
mation  be  transmitted  and  that  state  information  be 
remembered  for  longer  periods.  We  introduce  a  ‘defer¬ 
ral’  flag  to  assist  in  administering  a  fair  round-robin 
scheme  across  priority  classes.  The  flag  (one  per  pri¬ 
ority  class)  distinguishes  within  each  priority  class 
between  ACTIVE  subscribers  that  did  not  transmit  a 
message  in  this  round  and  DORMANT  subscribers 
that  did.  The  reservation  message  is  composed  of  the 
pair  {p,  /),  where  p  is  the  priority  level  and  /  the  state 
of  the  flag.  During  tire  reservation  period,  the  pair 
( p ,  ACTIVE)  is  considered  higher  than  (p .  DOR¬ 
MANT):  consequently,  those  subscribers  whose  flag 
for  the  given  priority  indicate  ACTIVEness  have  a 
chance  to  transmit  their  messages  before  other  (DOR¬ 
MANT)  subscribers  are  accorded  their  second  chance. 
After  transmitting  a  message  an  ACTIVE  subscriber 
becomes  DORMANT,  and  when  the  channel  is 


granted  to  a  reservation  of  the  type  (p ,  DORMANT), 
all  subscribers  reset  the  flag  and  become  ACTIVE 
with  respect  to  priority  p. 

Both  of  the  above  schemes  can  be  made  preemp¬ 
tive.  Full  preemption  can  be  introduced  in  the  first 
algorithm  by  allowing  a  subscriber  to  intercept  other 
than  whole  messages.  In  the  second  algorithm  full 
preemption  can  be  achieved  by  jamming  the  channel 
and  forcing  a  renewed  reservation  period.  In  both 
cases  we  assume  that  subscribers  can  distinguish 
between  successful  and  intercepted  messages.  This 
can  be  done  easily  by  such  means  as  checksums  or 
acknowledgments. 

6.  Priority  Scheme  for  Unidirectional  Broadcast 

Systems 

In  this  section  we  describe  a  priority  scheme  for  a 
UBS  with  a  round-robin  scheduling  discipline  within 
each  priority  class.  A  round  robin  is  an  inherently  cir¬ 
cular  mechanism  and  can  therefore  be  applied  to  a 
ring  structure  in  a  straightforward  way  since  one  can 
decide  dynamically  where  the  ring  should  start, 
changing  that  point  for  every  new  cycle,  as  desired. 
In  a  UBS,  however,  the  physical  ordering  does  not 
enjoy  the  circular  symmetiy  of  the  ring  and  special 
steps  must  therefore  be  included  in  the  algorithm  to 
compensate  for  its  absence. 

The  UBS  considered  here  has  two  separate  chan¬ 
nels  -  the  outbound  channel  which  all  subscribers 
access  to  transmit,  and  the  inbound  channel  which 
subscribers  access  to  read  the  transmitted  informa¬ 
tion.  In  addition  to  transmission  capability  on  the 
outbound  channel,  we  assume  that  subscribers  can 
also  sense  activity  on  that  channel  in  a  way  similar 
to  that  required  in  other  channel  sensing  systems, 
such  as  CSMA.  In  a  UBS  this  capability  results  in  an 
interesting  feature.  Assume  subscribers  are  numbered 
sequentially  S,.  S2,  S3,  etc.  and  that  subscriber  S,  is 
defined  as  the  ‘farthest’,  i.e.,  has  the  longest  round 
trip  delay  (see  Fig.  1).  Because  of  the  unidirectional- 
signaling  property.  S2  is  able  to  sense  signals  gener¬ 
ated  by  5t  on  both  the  inbound  and  outbound  chan¬ 
nels  whereas  the  converse  does  not  hold  ;  that  is.  5, 
can  sense  signals  generated  by  S2  only  on  the 
inbound  channel.  This  asymmetry  will  be  utilized  in 
establishing  the  ordering  in  a  round-robin  scheme. 

We  first  describe  the  mechanism  that  allows  imple¬ 
mentation  of  a  general  and  efficient  round-robin 
scheduling  discipline  in  a  nonprioritized  environment. 
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We  shall  then  discuss  the  applicability  of  this  mecha¬ 
nism  to  a  prioritized  environment. 

6.1.  An  Efficient  Round-Robin  Algorithm 

In  the  scheme  described  here,  a  subcriber  is  con¬ 
sidered  in  one  of  three  states.  A  subscriber  is  in  the 
IDLE  state  if  it  does  not  have  any  message  awaiting 
transmission.  A  non-IDLE  subscriber,  called  a  ready 
subscriber,  can  assume  one  of  two  states  -  ACTIVE 
if  it  has  not  transmitted  its  message  in  the  ‘current 
round’  or  DORMANT  if  it  has  transmitted  and  is  now 
waiting  for  completion  of  the  round.  To  achieve  fair 
scheduling,  DORMANT  subscribers  defer  to  all  AC¬ 
TIVE  subscribers.  Consequently,  we  are  assured  that 
no  subscriber  will  transmit  its  second  message  before 
other  ready  subscribers  have  a  chance  to  transmit 
their  first  ones.  Eventually  all  ready  subscribers  will 
have  transmitted  their  messages  (i.e.  all  will  have 
become  DORMANT);  this  constitutes  the  end  of  a 
round,  at  which  time  all  reset  their  state  and  a  new 
round  starts. 

While  each  subscriber  distinguishes  between  its 
DORMANT  and  ACTIVE  states  (with  a  1-bit  flag), 
arbitration  among  active  subscribers  must  be  provided 
by  additional  means.  To  that  end  each  ACTIVE  sub¬ 
scriber  transmits  a  short  burst  of  unmodulated  carrier 
after  the  end  of  the  previous  message  to  indicate  its 
ACTIVEness  and,  at  the  same  time,  it  senses  the  out¬ 
bound  channel.  All  but  one  ACTIVE  subscriber  will 
sense  the  outbound  channel  busy  (because  of  trans¬ 
mission  from  lower  indexed  subscribers  -  see  Fig.  I ) 
thus  singling  out  the  next  subscriber  to  transmit.  As 
explained  earlier,  we  make  use  here  of  the  asymmetry 
of  the  outbound  channel.  If  a  given  subscriber  senses 
the  outbound  channel  busy,  there  exists  at  least  one 
ready  subscriber  ‘ahead’  of  it  which  generated  that 
signal;  a  subscriber  will  always  defer  its  transmission 
in  favor  of  those  ‘ahead’  of  it. 

Initially  all  subscribers  reset  their  state,  meaning 
that  all  ready  subscribers  are  ACTIVE.  An  ACTIVE 
subscriber  will  operate  as  follows : 

(1)  It  waits  until  the  next  end-of-carrier  (EOC)  is 
detected  on  the  inbound  channel  at  the  end  of  a  mes¬ 
sage. 

(2)  It  transmits  a  short  burst  of  unmodulated  car¬ 
rier  and  listens  to  the  outbound  channel  for  one 
round-trip  delay. 

(3)  If  the  outbound  channel  is  sensed  idle  during 
the  entire  period,  the  subscriber  transmits  its  message 
and  moves  to  the  DORMANT  state.  Otherwise  the 
subscriber  repeats  the  algorithm. 


A  DORMANT  subscriber  will  become  ACTIVE  if 
the  inbound  channel  is  sensed  idle  for  one  round  trip 
delay  or  longer,  and  will  then  perform  the  above 
steps.  A  subscriber  becoming  ready  after  the  channel 
has  been  idle  for  longer  than  one  round-trip  delay 
need  not  wait  for  an  EOC  but  rather  transmits  its 
reservation  burst  immediately,  i.e.,  starts  the  algo¬ 
rithm  at  step  2. 

The  algorithm  is  efficient  because  a  conflict  free 
scheduling  is  achieved  with  little  overhead.  The  time 
separating  two  consecutive  conflict  free  transmissions 
is  between  one  and  two  round  trip  delays,  allowing 
for  both  the  EOC  of  the  first  message  and  the  reserva¬ 
tion  burst  to  propagate  through  the  system.  The  mini¬ 
mum,  one  round  trip  delay,  occurs  when  the  second 
of  two  consecutive  transmissions  is  due  to  the  highest 
index  subscriber.  The  maximum,  two  round-trip 
delays,  may  occur  when  the  second  transmission 
within  the  same  round  is  due  to  the  subscriber  with 
the  lowest  index.  An  extra  (idle)  round-trip  delay  is 
required  to  signal  the  end  of  a  round  to  all  subscribers 
-  altogether  a  nominal  overhead  especially  in  a 
loaded  system. 

A  separation  of  one  round-trip  delay  between  con¬ 
secutive  messages  can  be  achieved  at  all  times  if  fol¬ 
lowing  the  transmission  of  its  reservation  burst  a  sub¬ 
scriber  waits  for  a  time  equal  to  a  full  round  trip 
delay  minus  the  propagation  time  between  its  own 
outbound  and  inbound  taps.  The  drawback  of  this 
approach  is  that  each  subscriber’s  parameters  must  be 
tuned  according  to  its  position  on  the  cable. 

The  algorithm  presented  here  differs  slightly  from 
a  conventional  round-robin  algorithm.  In  a  conven¬ 
tional  round-robin  discipline,  each  subscriber,  in  a 
prescribed  order,  is  given  a  chance  to  transmit;  it  does 
so  if  it  has  a  message  ready  and  declines  if  it  has  none. 
This  subscriber  will  not  be  given  a  second  chance 
before  all  other  subscribers  have  had  their  chance.  In 
our  algorithm,  although  no  subscriber  transmits  more 
than  once  within  each  ‘round’,  the  order  of  transmis¬ 
sion  within  the  round  may  vary,  depending  on  the 
specific  instant  a  message  arrives.  For  example, 
assume  that  subscriber  5!  has  just  completed  trans¬ 
mission  of  its  message.  Assume  also  that  at  this  mo¬ 
ment  S2  does  not  have  a  message  ready  and  therefore 
S3,  assumed  to  be  ready,  transmits  next.  While  S3  is 
transmitting,  a  message  arrives  at  S:  :  consequently  S2 
will  transmit  when  S}  is  finished.  The  order  of  trans¬ 
mission  in  this  case  was  St.  S3,  5:,  whereas  if  all  the 
subscribers  had  had  ready  messages  at  the  beginning 
of  the  round,  the  order  would  have  been  S,,  S:,  S3. 
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6.2.  A  Prioritized  Round-Robin  Scheme  fora  UBS 

In  this  section  we  adapt  the  round-robin  algorithm 
described  above  to  a  prioritized  environment.  Hence 
we  must  modify  the  algorithm  to  ensure  that  fairness 
will  be  administered  within  each  priority  class  and 
that  high-priority  messages  will  be  transmitted  first. 
To  achieve  this,  contention  among  subscribers  is 
resolved  in  two  stages.  First,  ready  subscribers 
exchange  information  regarding  the  priorities  of  their 
current  messages  (i.e.,  undertake  priority  class  assess¬ 
ment)  and  then  the  round-robin  algorithm  described 
previously  is  used  to  resolve  contention  among  sub¬ 
scribers  of  the  current  highest  priority. 

Here  again  we  distinguish  between  ACTIVE  and 
DORMANT  subscribers,  depending  on  whether  they 
did  or  did  not  transmit  a  message  in  the  current 
round.  However,  to  achieve  fair  scheduling  within 
each  priority  class,  subscribers  maintain  separate 
states  for  each  priority  class;  i.e.,  a  subscriber  can  be 
ACTIVE  with  respect  to  one  class  and  DORMANT 
with  respect  to  another.  Since  only  two  states  must 
be  distinguished  the  total  memory  required  is  just  one 
bit  for  each  priority  class. 

All  ready  subscribers,  ACTIVE  or  DORMANT, 
participate  in  priority  class  assessment.  A  mechanism 
similar  to  the  one  described  in  Section  4  may  be 
used.  When  the  priority  assessment  period  is  over,  the 
current  highest-priority  class  is  established  (indepen¬ 
dent  of  the  internal  state  of  the  ready  subscriber 
holding  these  messages);  the  channel  is  then  con¬ 
sidered  to  be  operating  at  this  priority  level.  Let 
p(channel)  denote  the  latter.  Those  subscribers  for 
which  p(s)  differs  from  p(channel)  refrain  from  pro¬ 
ceeding  while  those  for  which  these  priorities  are 
equal  operate  according  to  the  round-robin  algorithm 
described  previously. 

A  ready  subscriber  will  therefore  wait  until  the 
next  end  of  message  and  operate  according  to  the  fol¬ 
lowing  procedure . 

(1)  Participate  in  the  priority  class  assessment  (at 
which  time  p(channel)  is  established). 

(2)  If  pfr)  ^(channel),  wait  until  the  next  EOC 
and  then  repeat  the  algorithm. 

(3)  If  p(s)  =  p(channel)  and  the  subscriber  is  AC¬ 
TIVE  with  respect  to  this  priority  class,  then: 

(a)  It  transmits  a  short  burst  and  listens  to  the 
outbound  channel  for  cne  round-trip  delay. 

(b)  If  the  outbound  channel  is  sensed  idle 
during  this  entire  period  the  subscriber  trans¬ 
mits  its  message  and  moves  to  the  DORMANT 


state  (with  respect  to  this  priority  class).  Other¬ 
wise,  the  subscriber  repeats  the  algorithm  (step 
1). 

(4)  If  p(s)  =  p(channel)  and  the  subscriber  is  DOR¬ 
MANT  with  respect  to  this  priority  class  then  it 
senses  the  inbound  channel  for  one  round-trip  delay 
and,  if  sensed  busy,  repeats  the  algorithm  (step  1); 
otherwise  it  becomes  ACTIVE  with  respect  to 
p(channel)  and  performs  step  (3)  above. 

It  is  possible  to  achieve  collision-free  scheduling, 
even  if  we  do  not  consider  separate  ACTIVE/DOR¬ 
MANT  states  for  each  priority  class;  i.e.,  a  subscriber 
can  be  ACTIVE  or  DORMANT  regardless  of  its  pri¬ 
ority  class.  The  first  stage,  priority  class  assessment, 
still  takes  place  to  ensure  that  high-priority  messages 
will  be  handled  first.  The  algorithm  then  becomes 
memoryless  across  priority  levels.  This  results  in  a 
slightly  less  fair  ordering,  such  as  the  one  described 
previously  for  a  ring  network.  While  for  the  ring 
architecture  we  do  not  recommend  the  introduction 
of  separate  states  per  priority  class  we  do  recommend 
it  here  for  two  reasons.  In  the  algorithm  presented 
for  a  ring  architecture  it  meant  a  choice  between 
requiring  or  not  requiring  memory  altogether, 
whereas  here  it  differs  only  by  the  amount  of  mem¬ 
ory  needed,  which,  in  any  case,  is  very  small.  More¬ 
over,  in  a  ring  architecture  there  is  no  'end  of  round’ 
concept,  which  does  exist  in  a  UBS  and  entails  over¬ 
head  to  handle.  In  contrast  thereto,  separation  of 
states  according  to  priority  classes  causes  fewer  end- 
of-round  occurrences  and  thus  reduces  overhead. 

The  scheme  presented  here  is  nonpreemptive.  A 
semipreemptive  scheme  in  which  a  high-priority  sub¬ 
scriber  intervenes  between  the  end  of  the  priority 
class  assessment  period  and  the  actual  transmission  is 
not  meaningful,  since  the  duration  of  the  relevant 
time  window  is  only  one  half  round-trip  delay  which 
is  too  short  an  interval  for  any  preemption  activity.  A 
full  preemption  scheme  can  be  introduced  by  allow¬ 
ing  a  subscriber  to  jam  the  channel  and  force  a  new 
priority  class  resolution  period. 


7.  Notes  on  Overhead 

In  general,  a  prioritized  multiaccess  scheme 
requires  extra  overhead  in  comparison  with  similar 
nonprioritized  schemes.  There  are  two  principal  rea¬ 
sons  for  this:  the  need  to  pass  priority-related  infor¬ 
mation  among  subscribers  and  the  additional  com- 
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plexity  of  the  algorithm.  While  the  extra  overhead  is 
compensated  for  by  additional  functionality  of  the 
system,  minimization  of  its  extent  is  still  instrumen¬ 
tal  in  achieving  efficient  communication.  This  sec¬ 
tion  explores  the  factors  that  effect  the  overhead 
introduced  by  the  above  priority  schemes. 

The  factors  that  most  influence  the  extent  of  over¬ 
head  are  the  relation  between  the  priority  assessment 
period  (PAP)  and  the  intraclass  resolution  period 
(ICRP),  the  representation  of  priority  levels,  and  the 
degree  of  concurrence  in  the  priority  assessment  pro¬ 
cess.  Ideally  one  would  like  all  subscribers  to  transmit 
at  the  same  time  the  shortest  code  at  the  highest  rate. 
Unfortunately,  this  cannot  be  done  because  not  all  of 
these  features  are  independent  and  because  some 
combinations  place  strict  physical  requirements  on 
the  system.  A  compromise  is  therefore  mandatory  - 
one  that  is  based  on  the  specific  characteristic  of  the 
system  being  designed. 

7.1.  Separate  versus  Integrated  PAP 

In  a  distributed  system,  the  priority  level  of  a  sub¬ 
scriber’s  message  must  generally  be  conveyed  to  all 
others  (perhaps  along  with  other  scheduling  informa¬ 
tion).  This  may  be  done  by  transmitting  control  data 
explicitly  as  part  of  a  regular  data  message  or  in  a 
dedicated  control  message,  or  by  having  the  control 
information  inferred  from  other  actions  taken  by  sub¬ 
scribers.  This  information  provides  basis  for  answer¬ 
ing  the  two  basic  questions:  what  is  the  current  high- 
est-priority  level  and  which  of  the  subscribers  holding 
such  a  message  will  transmit  next?  If  information 
regarding  the  first  of  these  is  separated  from  the  sec¬ 
ond,  we  observe  a  PAP  followed  by  a  regular  (non- 
priorit ized)  channel  access  within  the  class.  Otherwise 
priority  assessment  becomes  an  integral  part  of  the 
channel  access  algorithm. 

In  principle,  it  is  possible  to  merge  the  PAP  and 
ICRP.  Such  an  integrated  assessment  period  is  useful 
for  schemes  in  which  the  ICRP  requires  explicit 
exchange  of  information,  e.g.,  in  polling  or  reserva¬ 
tion-based  schemes.  In  such  schemes  the  addition  of 
priority  information  to  the  rest  of  the  information 
seing  exchanged  affects  performance  only  marginally 
and  achieves  a  unified  PAP  and  ICRP. 

Merging  of  the  PAP  and  the  ICRP  becomes  impos¬ 
sible  when  random-access  schemes  are  used.  While  a 
certain  degree  of  fairness  can  be  predicted  for  pure 
random-access  schemes  no  specific  ordering  can  be 
guaranteed.  Using  random-access  schemes  for  priority 


assessment  is  therefore  likely  to  cause  violation  of  the 
hierarchical-independence  rule  (see  Section  3);  this 
can  happen  because  portions  of  the  scheduling  are 
somewhat  left  to  chance,  in  effect  contradicting  the 
deterministic  nature  of  the  rule.  Consequently,  a  sep¬ 
arate  PAP  is  required  when  a  random-access  scheme  is 
used  for  the  ICRP. 

7.2.  Priority  Representation 

In  general,  the  representation  used  to  designate 
priority  levels  influences  the  trade-off  between  over¬ 
head  incurred  and  the  resulting  performance  at  the 
various  levels.  One  objective  is  to  minimize  delays  in 
gaining  access  to  the  channel  for  subscribers  with 
high-priority  messages.  This  property  is  important  if 
message  delay  for  high  priority  classes  is  a  critical 
measure  of  performance  (this  criterion  was  used  in 
the  P-CSMA  scheme  that  was  presented  in  Section  4). 
However,  this  may  result  in  a  limited  overall  channel 
utilization.  To  guarantee  a  low  delay  performance  for 
high  priority  classes,  their  load  on  the  channel  must 
be  limited  —  but  the  consequence  of  this  is  that  die 
bulk  of  traffic  falls  into  the  lower-priority  classes 
which  incur  high  overhead  during  each  priority  assess¬ 
ment  period. 

One  alternative  is  to  have  all  ready  subscribers 
start  transmitting  a  reservation  as  soon  as  is  permitted, 
but  so  that  the  higher  the  priority  the  longer  will  be 
the  reservation  duration.  In  this  case,  the  current 
highest  priority  class  gains  access  by  persisting  the 
longest. 

Yet  another  alternative  is  to  use  a  hierarchical 
reservation  scheme  (e.g.,  a  tree  priority  resolution 
algorithm  [13]),  which  is  particularly  effective  if  the 
number  of  priority  levels  is  large  and  the  total  over¬ 
head  incurred  in  such  reservation  processes  is  high). 
For  example,  in  the  priority  assessment  mechanism 
described  for  BBS  (Section  4),  a  burst  in  the  first  slot 
designates  that  messages  belonging  to  the  highest 
group  of  priority  levels  are  present.  Following  that, 
each  level  in  the  group  is  assigned  its  own  slot  for 
reservations,  etc. 

7.3.  Shortening  the  PAP 

The  most  decisive  factors  in  shortening  the  PAP 
are  concurrence  and  the  rate  at  which  priority  infor¬ 
mation  is  exchanged  among  subscribers.  A  noncon¬ 
current  scheme  is  one  in  which  each  subscriber 
announces  its  priority  separately.  If  affords  freedom 
to  choose  compact  codes  for  the  exchange  of  priority 
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information  and  allows  high  transmission  rate.  All  in 
all.  however,  it  causes  long  dealys  -  at  least  in  pro¬ 
portion  to  the  number  of  ready  subscribers.  At  the 
opposite  extreme,  full  concurrence  means  that  all 
subscribers  announce  their  priorities  at  the  same  time, 
which  is  clearly  a  desired  mode  of  operation.  How¬ 
ever,  depending  on  the  data  rate  used,  full  concur¬ 
rence  introduces  problems  of  synchronization.  In¬ 
deed,  precise  bit -synchronization  is  imperative  if  con¬ 
trol  data  are  to  be  transmitted  concurrently  at  the 
channel’s  normal  rate  of  operation. 

We  are  faced  with  a  trade-off  between  full  concur¬ 
rence  and  the  rate  at  which  priority  information  is 
exchanged.  Only  when  a  high  degree  of  synchroniza¬ 
tion  can  be  guaranteed  (a  rare  case  indeed)  can  both 
high  data  rate  and  concurrence  be  achieved  at  the 
same  time.  One  could  relax  the  strict  synchronization 
requirements  by  transmitting  priority  information  at 
a  lower  than  usual  rate.  If  this  is  carried  to  the 
extreme,  one  would  transmit  at  a  rate  of  one  bit  per 
round-trip  delay,  at  which  point  the  synchronization 
problem  is  practically  eliminated. 

In  a  UBS,  it  is  possible  to  achieve  full  synchroniza¬ 
tion  by  adjusting  the  clocks  at  all  stations  with  stag¬ 
gered  delays  so  that  an  exact  overlap  occurs  when  all 
subscribers  transmit  at  a  local  time  t.  For  example 
(referring  back  to  Fig.  1),  subscriber^  will  start  its 
transmission  so  that  its  first  bit  coincides  exactly  with 
the  arrival  of  the  first  bit  transmitted  by  subscriber 
5, .  In  this  case  high  data  rates  can  be  achieved  at  the 
(high  (cost  of  strict  synchronization. 

In  conjunction  with  synchronization  and  data  rate, 
a  proper  choice  must  be  made  for  representing  prior¬ 
ity  levels  in  order  to  accommodate  full  concurrence. 
This  choice  depends,  among  other  considerations,  on 
the  way  subscribers  access  the  channel  since  each  sub¬ 
scriber  must  be  able  to  transmit  its  data  and  retrieve 
relevant  information  from  the  channel's  activity 
simultaneously.  In  the  ring  architecture,  for  example, 
where  active  taps  are  used,  full  concurrence  (at  a  high 
data  rate)  can  be  achieved  because  collisions  can  be 
avoided  and  because  each  subscriber  can  examine  and 
modify  the  message  as  it  passes  by.  In  such  configura¬ 
tions  one  can  use  straight  binary  codes,  which  is  a 
very  compact  such  representation,  to  represent  prior¬ 
ity  levels. 

When  passive  taps  are  used  and  several  subscribers 
transmit  messages  at  the  same  time,  a  collision  occurs. 
In  most  systems  this  would  imply  that  none  of  the 
content  of  the  colliding  messages  has  been  received. 
To  allow  for  concurrence  with  passive  taps,  we 


assume  that  subscribers  transmit  at  a  relatively  lower 
rate  (e.g.,  one  bit  per  round-trip  delay).  At  this  rate, 
synchronization  is  simple;  a  logical  ‘1’  is  represented 
by  a  short  burst  of  an  unmodulated  carrier  while  a 
logical  ‘0’  is  the  absence  thereof.  The  state  of  the 
channel  is  the  logical  OR  of  all  subscribers’  transmis¬ 
sions  from  which  each  individual  subscriber  must  be 
able  to  deduce  the  highest  priority  level  present. 

Priority  information  can  be  extracted  from  the 
ORed  transmission  if  specific  bases  in  the  yV-dimen- 
sional  binary  space  are  used  to  represent  N  priority 
levels.  For  example,  one  could  use  ‘1000’.  ‘0100’, 
‘0010’.  and  ‘0001’  to  represent  four  priority  levels. 
In  fact,  this  is  the  code  used  in  the  P-CSMA  scheme 
presented  in  Section  4  (except  that  trailing  zeros  are 
omitted  for  the  sake  of  efficiency ).  Another  example 
is  ‘1 1 1 1’,  ‘11 10’,  ‘1 100’  and  ‘1000’  which  constitutes 
the  ‘persistence’  code  mentioned  earlier.  Other  such 
bases  can  of  course  be  constructed  to  optimize  other 
requirements. 


8.  Conclusion 

This  paper  is  concerned  with  the  problem  of  intro¬ 
ducing  message-based  priority  functions  to  local  net¬ 
works.  We  have  identified  the  major  features  of  prior¬ 
ity  functions,  the  most  important  of  which  is  the 
hierarchical  independence  of  performance  that  speci¬ 
fies  that  messages  of  high  priority  must  not  only  be 
delivered  first  but  must  remain  unaffected  by  the 
load  produced  by  lower  priorities.  In  a  distributed 
multiaccess  system  this  becomes  the  central  issue. 

We  have  chosen  three  different  local  network 
architectures:  the  bidirectional  broadcast  system,  the 
ring,  and  the  unidirectional  broadcast  system;  for 
each  we  presented  a  priority  scheme  that  takes  advan¬ 
tage  of  the  particular  architecture. 

Finally,  we  have  outlined  and  characterized  the 
factors  underlying  the  additional  overhead  caused  by 
the  introduction  of  priority  schemes  to  a  multiaccess 
environment.  Shown  as  the  most  crucial  of  these  fac¬ 
tors  are  the  separation  between  the  priority  assess¬ 
ment  period  and  the  intraclass  resolution  period,  and 
the  extent  of  synchronization. 
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Carrier  Sense  Multiple  Access  with  Message-Based 

Priority  Functions 
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Abstract — We  consider  packet  communication  systems  of  the 
multiaccess/broadcast  type,  exemplified  by  ETHERNET  (!)  and 
single-hop  ground  radio  networks  (2),  in  which  all  communicating 
devices  share  a  common  channel  which  is  multiaccessed  in  some 
random  fashion.  Among  the  various  random  access  schemes  known, 
carrier  sense  multiple  access  (CSMA)  has  been  shown  to  be  highly 
efficient  for  environments  where  the  propagation  delay  is  short 
compared  to  the  transmission  time  of  a  packet  on  the  channel  [3H5)- 
In  this  paper,  we  describe  a  new  version  of  CSMA  which  incorporates 
message-based  priority  functions,  referred  to  as  prioritized  CSMA 
(P-CSMA).  The  scheme  is  based  on  the  principle  that  access  right  to 
the  channel  is  exclusively  granted  to  ready  messages  of  the  current 
highest  priority  level.  It  can  be  made  preemptive  or  nonpreemptive, 
and  is  suitable  to  fully  connected  broadcast  networks  with  or  without 
the  collision  detection  feature.  We  analyze  the  p- persistent  protocol  of 
P-CSMA  with  two  priority  levels  and  derive  the  throughput-delay 
characteristics  for  each  priority  class.  Finally,  we  discuss  numerical 
results  obtained  from  the  analysis  and  from  simulation,  and  thus 
evaluate  the  effect  of  priority  functions  and  preemption  on  the 
throughput-delay  characteristics  for  each  class. 

I.  INTRODUCTION 

N  multiaccess/broadcast  systems,  all  users  share  a  common 
transmission  medium  over  which  they  broadcast  their 
packets.  Each  subscriber  is  connected  to  the  common  com¬ 
munication  medium  through  an  interface  which  listens  to  all 
transmissions  and  absorbs  packets  addressed  to  it. 

New  multiaccess  schemes  for  packet  broadcasting  systems 
have  been  abundant  in  recent  years  [6] .  However,  little  work 
has  been  done  to  incorporate  message-based  priority  functions 
to  these  protocols.  The  need  for  priority  functions  in  multi¬ 
access  environments  is  a  clear  matter:  having  multiplexed 
traffic  from  several  users  and  different  applications  on  the 
same  bandwidth-limited  channel,  we  require  that  a  multiaccess 
scheme  be  responsive  to  the  particular  requirements  of  each 
user  and  each  application.  For  a  prioritized  scheme  to  be  ac¬ 
ceptable,  we  require  the  following. 

l)The  performance  of  the  scheme  as  seen  by  messages  of 
a  given  priority  class  should  be  insensitive  to  the  load  exercised 
on  the  channel  by  lower  priority  classes.  Increasing  loads  from 
lower  classes  should  not  degrade  the  performance  of  higher 
priority  classes. 
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2)  Several  messages  of  the  same  priority  class  may  be  simul¬ 
taneously  present  in  the  system.  These  should  be  able  to  con¬ 
tend  on  the  communication  bandwidth  with  equal  right 
(fairness  within  each  priority  class). 

3)  The  scheme  must  be  robust  in  the  sense  that  its  proper 
operation  and  performance  should  be  insensitive  to  errors  in 
status  information. 

4)  The  overhead  required  to  implement  the  priority  scheme, 
and  the  volume  of  control  information  to  be  exchanged 
among  the  contending  users,  as  required  by  the  scheme,  must 
be  minimal. 

To  implement  priority  functions  in  these  distributed  en¬ 
vironments,  one  needs  to  address  three  basic  problems:  a)  to 
identify  the  instants  (which  should  be  known  to  all  users)  at 
which  to  assess  the  highest  current  priority  with  ready  mes¬ 
sages,  b)  to  design  a  mechanism  by  which  to  assess  the  highest 
nonempty  priority  class,  and  c)  to  design  a  mechanism  which 
assigns  the  channel  to  the  various  ready  users  within  a  class. 
The  scheme  discussed  in  this  paper  is  the  p-persistent  priori¬ 
tized  CSMA  (P-CSMA),  which  consists  of  resolving  the  first 
two  problems  by  the  means  of  reservation  bursts  and  carrier 
sensing,  and  the  third  by  using  the  p-persistent  carrier  sense 
multiple  access  [3]  -[6] . 

Two  papers  related  to  this  topic  have  appeared  in  the  liter¬ 
ature.  In  the  first  by  Franta  and  Bilodeau,  the  scheme  consists 
of  CSMA  with  different  rescheduling  delays  assigned  to  the 
various  devices;  by  staggering  the  delays,  access  right  to  the 
channel  is  prioritized  across  the  devices  and  a  gain  in  per¬ 
formance  may  be  attained  [8] .  Unfortunately,  the  scheme  as 
described  does  not  provide  priority  functions  which  are  based 
on  the  messages  to  be  transmitted.  The  second  by  Onoe  et  al. 
does  provide  message-based  priority  functions  via  the  use  of 
different  preambles  for  the  various  priority  classes  of  messages 
[9] ,  [10) .  However,  in  case  of  a  collision  between  two  equal 
priority  messages,  these  are  rescheduled  into  the  future, 
resulting  in  an  operation  which  violates  requirement  1)  listed 
above. 

In  Section  II,  we  give  a  precise  description  of  the  p-persis¬ 
tent  P-CSMA  protocol.  In  Section  III,  we  provide  an  analysis 
of  the  scheme  with  two  priority  classes.  The  model  allows  us 
to  derive  the  throughput-delay  characteristics  for  each  priority 
class.  In  Section  IV,  we  discuss  numerical  results  from  the 
analysis  and  from  simulation.  Finally,  in  Section  V,  we  make  a 
few  comments  regarding  variations  of  P-CSMA. 

II.  THE  p-PERSISTENT  P-CSMA  PROTOCOL 
A .  Carrier  Sense  Multiple  A  ccess  [3J  -[6] 

When  dealing  with  multiaccess  channels,  one  must  be  pre¬ 
pared  to  resolve  conflicts  which  arise  when  more  than  one 


0090-6778/82/0100-01 85  SOO.75  ©  1982  IEEE 


186 


IEEE  TRANSACTIONS  ON  COMMUNICATIONS,  VOL.  COM-30.  NO.  1.  JANUARY  1982 


demand  is  placed  upon  the  channel.  Whenever  a  portion  of  one 
user’s  transmission  overlaps  with  another  user’s  transmission, 
the  two  collide  and  “destroy"  each  other.  CSMA  reduces  the 
level  of  interference  caused  by  overlapping  packets  by  having 
devices  sense  carrier  due  to  other  users’  transmissions,  and 
inhibit  transmission  when  the  channel  is  in  use.  Packets  which 
either  are  inhibited  or  suffer  a  collison  are  rescheduled  for 
transmission  at  a  later  time  according  to  some  rescheduling 
policy.  There  are  several  CSMA  protocols  [6] .  We  begin  with  a 
description  of  the  p-persistent  CSMA  protocol  since  it  forms 
the  basis  of  the  scheme  described  in  this  paper. 

In  the  p-persistent  CSMA  protocol,  a  ready  terminal  senses 
the  channel  and  operates  as  follows. 

1)  If  the  channel  is  sensed  idle,  then  it  transmits  the  packet. 

2)  If  the  channel  is  sensed  busy,  it  waits  until  it  becomes 
idle  (at  the  end  of  the  current  transmission)  and  then  with 
probability  p  the  terminal  transmits  the  packet,  and  with 
probability  1  -  p  the  terminal  delays  the  transmission  of  the 
packet  by  r  seconds,  where  r  is  the  maximum  propagation  delay 
among  all  pairs  of  terminals.  If  at  this  new  point  in  time  the 
channel  is  still  detected  idle,  the  same  process  is  repeated. 
Otherwise,  some  packet  must  have  started  transmission.  In 
this  case  we  may  use  one  of  two  versions:  either  a)  the  ter¬ 
minal  in  question  schedules  the  retransmission  of  the  packet 
according  to  the  retransmission  delay  distribution  (i.e.,  acts  as 
if  it  had  conflicted  and  learned  about  the  conflict,  at  which 
later  time  it  repeats  the  algorithm);  or  b)  the  terminal  in 
question  repeats  step  2).  [In  this  paper,  we  use  version  b).] 

Packet  broadcasting  technology  has  also  been  shown  to  be 
very  effective  in  satisfying  many  of  the  local  area  in-building 
communication  requirements.  A  prominent  example  is 
ETHERNET,  a  local  area  communication  network  which  uses 
CSMA  on  a  tapped  coaxial  cable  to  which  all  the  communicat¬ 
ing  devices  are  connected  [  1  ] .  The  device  connection  interface 
is  a  passive  cable  tap  so  that  failure  of  an  interface  does  not 
prevent  communication  among  the  remaining  devices.  The  use 
of  a  single  coaxial  cable  achieves  broadcast  communication. 
The  only  difference  between  a  broadcast  bus  system  and  a 
single-hop  radio  system  is  that  on  a  bus,  in  addition  to  sensing 
carrier,  it  is  possible  for  the  transceivers  to  detect  interference 
among  several  transmissions  (including  their  own),  and  to 
abort  the  transmission  of  colliding  packets.  This  is  achieved 
by  having  each  transmitting  device  compare  the  bit  stream  it 
is  transmitting  to  the  bit  stream  it  sees  on  the  channel.  This 
variation  of  CSMA  is  referred  to  as  carrier  sense  multiple 
access  with  collision  detection  (CSMA-CD)  [5] . 

In  all  CSMA  protocols,  given  that  a  transmission  is  initiated 
on  an  empty  channel,  it  is  clear  that  it  takes  at  most  one  end- 
to-end  propagation  delay  r  for  the  packet  transmission  to 
reach  all  devices;  beyond  this  time  the  channel  is  guaranteed 
to  be  sensed  busy  for  as  long  as  data  transmission  is  in  prog¬ 
ress.1  A  collision  can  occur  only  if  another  transmission  is 
initiated  before  the  current  one  is  sensed,  and  it  will  then 
take,  at  most,  one  additional  end-to-end  delay  before  inter¬ 
ference  “reaches”  all  devices.  For  CSMA-CD,  we  let  £  denote 

I  We  assume  that  the  sensing  operation  is  instantaneous  on  this 
(high-bandwidth)  channel. 


the  time  it  takes  a  device  to  detect  interference  once  the  latter 
has  reached  it.  £  depends  on  the  implementation  and  can 
be  as  small  as  1  bit  for  transmission  time,  as  is  the  case  with 
ETHERNET  [lj.  Furthermore,  ETHERNET  has  a  collision 
consensus  reinforcement  mechanism  by  which  a  device,  ex¬ 
periencing  interference,  jams  the  channel  to  ensure  that  all 
other  interfering  devices  detect  the  collision.  We  denote  by 
f  the  period  used  for  collision  consensus  reinforcement.  Given 
that  a  collision  has  occurred  in  CSMA-CD,  the  time  until  all 
devices  stop  transmission  Tc  is  thus  given  by2 

rc=2r  +  £  +  f. 

The  time  until  the  channel  is  again  sensed  idle  by  all  devices 
is  clearly  Tc  +  r. 

B.  Basic  Mechanism  for  Priority  Assessment  (a  Nonpreemp- 
tive  Discipline) 

With  the  broadcast  nature  of  transmission,  users  can  moni¬ 
tor  the  activity  on  the  channel  at  all  times.  The  assessment  of 
the  highest  priority  class  with  ready  messages  is  done  at  the 
end  of  each  transmission  period,  whether  successful  or  not, 
i.e.,  every  time  the  carrier  on  the  channel  goes  idle.  When  de¬ 
tected  at  a  user,  end  of  carrier  (EOC)  establishes  a  time  refer¬ 
ence  for  that  user.  Following  EOC,  the  channel  time  is  con¬ 
sidered  to  be  slotted  with  the  size  of  a  slot  (referred  to  as 
reservation-slot )  equal  to  2t  +  y,  where  y  is  the  period  of  time 
of  the  shortest  burst  of  unmodulated  carrier  which  can  be 
reliably  detected.  At  each  user,  messages  are  ordered  according 
to  their  priority.  The  priority  of  a  user  at  any  time  is  the  high¬ 
est  priority  class  of  messages  present  in  its  queue. 

Let  h  denote  an  arbitrary  user,  andre(/i)  denote  the  time  of 
end  of  carrier  at  user  h.  Let  v(h)  denote  the  priority  level  of 
user  h  at  time  te(h).  The  priority  resolution  algorithm  consists 
of  having  user  h  operate  as  follows. 

1)  If,  following  te(h),  the  carrier  is  detected  in  reservation- 
slot  with  i  <  vQi)  (thus  meaning  that  some  use r(s)  has 
priority  i  higher  than  v(h)  and  access  right  must  be  granted  to 
class  0.  ^en  user  h  awaits  the  following  end  of  the  carrier 
(at  the  end  of  the  next  transmission  period)  at  which  time  it 
reevaluates  its  priority  and  repeats  the  algorithm. 

2)  If  no  carrier  is  detected  prior  to  the  /th  reservation-slot, 
where  /  =  u(h),  then  user  h  transmits  a  short  burst  of  unmodu¬ 
lated  carrier  of  duration  y  at  the  beginning  of  reservation-slot  / 
[thus  reserving  channel  access  to  priority  class  K^O]  and. 
immediately  following  this  reservation-slot,  operates  according 
to  the  p-persistent  CSMA  protocol.  That  is,  it  senses  the  chan¬ 
nel  and  a)  if  the  channel  is  sensed  idle,  then  with  some  prob¬ 
ability  p  it  transmits  the  message,  and  with  probability  1  -  p 
it  delays  action  by  r  seconds  and  repeats  the  CSMA  procedure, 
b)  if  the  channel  is  sensed  busy,  then  the  user  awaits  the  next 
EOC  and  reevaluates  its  priority  level  and  repeats  the  entire 
algorithm,  c)  if,  during  the  time  that  channel  access  is  granted 
to  class  t'f/i),  some  user  h'  generates  a  (new)  message  of  the 
same  priority  level,  then  hi  transmits  its  message  with  proba- 

2  This  assumes  that  ail  interfering  devices  undertake  the  collision 
consensus  reinforcement. 
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bility  one,  provided  that  the  channel  is  sensed  idle.  If,  how¬ 
ever,  the  channel  is  sensed  busy  at  the  message  generation 
time,  then  ti  awaits  EOC,  reevaluates  its  priority  level  and 
executes  the  algorithm.  (Thus  when  a  message  is  generated, 
the  user  undertakes  immediate  first  transmission  provided  that 
the  channel  is  idle  and  channel  access  is  granted  to  the  priority 
class  corresponding  to  the  newly  generated  message.) 

3)  If,  following  EOC,  no  reservation  burst  is  detected  for  K 
consecutive  reservation-slots,  where  K  is  the  total  number  of 
priority  classes  available  in  the  system,  then  the  channel  be¬ 
comes  free  to  be  accessed  by  all  users  regardless  of  their  priority, 
until  a  new  EOC  is  detected. 

Thus,  by  the  means  of  short  burst  reservations  following 
EOC,  the  highest  nonempty  priority  class  is  granted  exclu¬ 
sive  access  right,  and  messages  within  that  class  can  access 
the  channel  according  to  p-persistent  CSMA.  Note  that  the 
above  algorithm  corresponds  to  a  nonpreemptive  discipline, 
since  a  user  which  has  been  denied  access  does  not  reevaluate 
its  priority  until  the  next  EOC.  However,  by  assessing  the 
highest  priority  level  at  the  end  of  each  transmission  period, 
whether  successful  or  not,  the  scheme  allows  higher  priority 
messages  to  regain  the  access  ri^it  without  incurring  substan¬ 
tial  delays. 

We  illustrate  this  procedure  in  Fig.  1  by  displaying  the 
activity  on  the  channel.  In  this  and  all  subsequent  figures, 
we  consider  that  there  are  only  two  possible  priority 
levels  in  the  system,  and  we  denote  by  n{  and  n2  the  number 
of  active  users  at  EOC  in  class  1  (C,)  and  class  2  (C2),  respec¬ 
tively.  We  adopt  the  convention  that  C,  has  priority  over  C2 . 
We  also  show  a  reservation  burst  as  occupying  the  entire  reser¬ 
vation-slot  in  which  it  is  transmitted.  Finally,  we  represent 
by  a  vertical  upward  arrow  the  arrival  of  a  new  message  to  the 
system;  the  label  C,  or  C2  indicates  the  priority  class  to  which 
the  message  belongs.  We  assume  in  Fig.  1  that  at  the  first  EOC 
we  have  nx  =  0  and  n2  >  0.  Following  EOC,  a  reservation  burst 
is  transmitted  in  the  second  reservation-slot.  The  priority 
resolution  period,  also  called  priority  assessment  period  (PAP), 
is  in  this  case  equal  to  two  reservation-slots.  Following  the 
reservation,  we  observe  a  channel  access  period  (CAP)  which 
consists  of  the  idle  time  until  the  channel  is  accessed  by  some 
user(s)  in  class  2.  Following  CAP  we  observe  the  transmission 
period  (TP)  itself,  the  end  of  which  establishes  the  new  EOC 
time  reference.  (A  crosshatched  TP  signifies  a  collision.)  The 
time  period  between  a  reservation  and  the  following  EOC, 
called  the  contention  period  and  equal  to  CAP  +  TP,  is  the 
time  period  during  which  exclusive  access  right  is  given  to  the 
class  which  succeeded  in  reserving  the  channel.  In  this  non¬ 
preemptive  case,  the  message  arrival  labeled  C, ,  although  of 
higher  priority,  is  not  granted  access  right  until  the  EOC  fol¬ 
lowing  its  arrival,  at  which  time  it  reserves  the  channel. 

Note  that  the  overhead  incurred  in  a  reservation  period 
following  EOC  is  a  function  of  the  currently  highest  priority 
level.  The  higher  this  class  is,  the  smaller  the  overhead  and 
the  delay  to  gain  access  right. 

The  scheme  is  robust  since  no  precise  information  regarding 
the  demand  placed  on  the  channel  is  exchanged  among  the 
users.  Information  regarding  the  existing  classes  of  priority  is 
implied  from  the  position  of  the  burst  of  unmodulated  carrier 
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Fig.  1.  Nonpreemptive  p-persistent  P-CSMA. 


following  EOC.  Note  also  that  there  is  no  need  to  synchronize 
all  users  to  a  universal  time  reference.  By  choosing  the  reser 
vation-slot  size  to  be  2 r  +  -y  we  guarantee  that  a  burst  emittet 
by  a  transceiver  in  its  fcth  reservation-slot  is  received  withii 
the  kth  reservation-slot  of  all  other  users. 

C.  Preemptive  P-CSMA 

Consider  that  after  the  reservation  process  has  taken  place 
the  channel  has  been  assigned  to  class  /.  Assume  that  before  i 
transmission  takes  place  a  message  of  level  i,  i  <  /,  is  generatet 
at  some  user  h.  The  nonpreemptive  scheme  dictates  that  use 
h  awaits  the  next  time  reference  before  it  can  ascertain  it 
(higher)  level  i.  The  semipreemptive  scheme  is  one  whicl 
allows  user  h  to  preempt  access  right  to  class  as  long  as  n< 
transmission  from  class  j  has  yet  taken  place,  by  simply  trans 
mitting  the  message  (the  transmission  starting  during  the  idle 
time  representing  CAP).  If  the  generation  of  the  message  ol 
level  i  takes  place  after  a  transmission  period  is  initiated,  ther 
user  h  waits  until  end  of  carrier  is  detected.  Both  nonpreemp 
tive  and  semipreemptive  schemes  are  applicable  whether  col 
lision  detection  is  in  effect  of  not. 

A  fully  preemptive  P-CSMA  scheme  is  also  defined  in  which 
a  host  with  a  newly  generated  packet  may  also  preempt  an 
ongoing  transmission  of  a  lower  priority  level  by  intentionally 
causing  a  collision.  Clearly  this  scheme  is  only  appropriate  if 
collision  detection  is  in  effect!  It  can  offer  some  benefit  if 
lower  priority  classes  have  long  messages.  One  may  also  envi¬ 
sion  a  partial  preemption  scheme  whereby  an  ongoing  trans¬ 
mission  is  preempted  only  if  the  already  elapsed  transmision 
time  has  not  exceeded  some  fraction  of  the  total  transmission 
time,  where  the  packet  transmision  time  is  assumed  to  be 
known,  as  is  the  case  with  fixed  size  packets. 

III.  ANALYSIS  OF  THE  NONPREEMPTIVE 
p-PERSISTENT  P-CSMA 

The  difficulty  in  analyzing  multiaccess  schemes  such  as 
CSMA  and  P-CSMA  arises  from  the  fact  that  the  system's 
service  rate  is  at  all  times  dependent  on  the  system’s  state 
and  its  evolution  in  time;  for  example,  the  time  required 
to  successfully  transmit  a  message  is  a  function  of  the  evolu¬ 
tion  of  the  number  of  contending  users  during  the  lifetime  of 
the  message.  This  prevents  us  from  using  conventional  priority  i 
queueing  results.  To  analyze  P-CSMA  we  adopt  the  “feedback 
model”  previously  used  to  analyze  CSMA  [4] ,  [5] .  The  analy¬ 
sis  then  relies  on  properties  of  semi-Markov  processes,  regen¬ 
erative  processes,  and  delay-cycle  analysis.  In  this  section,  we 
present  the  analysis  for  the  nonpreemptive  case;  preemptive 
P-CSMA  can  be  handled  in  the  same  way. 
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A.  The  Model 

Although  the  real  operation  of  the  scheme  does  not  require 
time  synchronization  of  all  devices,  it  is  assumed  here,  for  sim¬ 
plicity  in  analysis,  that  the  channel  axis  is  slotted,  with  the  slot 
size  equal  to  r  seconds,  and  that  all  users  are  synchronized  to 
the  same  universal  time  axis.  In  particular,  they  begin  transmis¬ 
sion  only  at  slot  boundaries.  We  furthermore  neglect  the  effect 
of  y,  and  f.  These,  however,  can  be  easily  taken  into  account 
by  redefining  the  slot  size.  With  these  definitions,  a  slot  is  r 
seconds;  a  reservation-slot  is  2 r  seconds  or  two  slots.  Moreover, 
due  to  the  extreme  complexity  of  the  analysis,  we  restrict  our¬ 
selves  here  to  only  two  classes  of  priority,  C{  and  C2,  again 
with  the  convention  that  C i  is  of  higher  priority  than  C2.  We 
consider  a  population  of  M  users  such  that  a  subset  of  size 
Mi  <M  generates  messages  of  priority  1 ,  and  a  subset  of  size 
M2  <M  generates  messages  of  priority  2.  We  allow  Ml  +  M2 
to  be  greater  than  M ,  meaning  that  some  users  generate  both 
high  and  low  priority  messages.  Each  user  is  assumed  to  have,  at 
any  time,  at  most  one  message  of  each  priority  class.  A  new 
message  of  a  given  priority  class  cannot  be  generated  at  the 
user  until  the  previous  one  has  already  been  successfully  trans¬ 
mitted.  Thus,  with  respect  to  each  priority  class  Cfj  =  1 ,  2),  a 
user  can  be  in  one  of  two  states:  backlogged  or  thinking.  In 
the  thinking  state,  a  user  generates  (and  possibly  transmits, 
as  dictated  by  the  p-persistent  P-CSMA  procedure)  a  new 
message  (of  priority  /')  in  a  slot  with  probability  a,-.  With  re¬ 
spect  to  class  Cj,  a  user  is  said  to  be  backlogged  if  it  has  a 
message  of  class  C,-  in  transmission,  or  awaiting  transmission. 
It  remains  in  that  state  until  it  completes  successful  transmis¬ 
sion  of  the  message  following  the  p-persistent  P-CSMA  proce¬ 
dure  with  parameter  p,,  at  which  time  it  switches  to  the  think¬ 
ing  state.  For  each  class  Cj,  we  let  n,(r)  denote  the  number  of 
backlogged  users  in  slot  t.  The  number  of  users  in  the  thinking 
state  is  then  Mj  —  rij(t). 

Let  te  again  denote  the  time  of  EOC,  and  let  (n^/,), 
n2(re))  denote  the  state  of  the  system  at  re.  As  long  as  (te) 
or  n2(t«)  is  nonzero,  EOC  is  followed  by  a  priority  assess¬ 
ment  period  and  a  contention  period.  The  latter  is  for  class 
C,  if  n,(r,)  #  0,  and  for  class  C2  if  nj(te)  —  0  and  n2(te)  #  0. 
[It  is  assumed  here  that  a  user  does  not  update  its  priority 
during  the  priority  resolution  period;  thus  the  PAP  is  entirely 
determined  by  (n,(re),  n2(f*)).]  The  interval  of  time  between 
two  consecutive  EOC’s  is  called  a  subcycle.  A  subcycle  is 
referred  to  as  Cj-subcycle,  j  =  1 ,  2,  if  the  contention  period  is 
for  Cj -messages.  Examples  of  Cv  and  C2 -subcycles  are  de¬ 
picted  in  Fig.  2.  When  n,(fe)  =  n2{te)  =  0,  then  the  subcycle 
is  referred  to  as  a  C0-subcycle.  The  various  cases  of  Co-sub¬ 
cycles  are  depicted  in  Fig.  3.  Let  7}  denote  the  length  in  slots 
(assumed  fixed)  of  a  message  of  class  Cj.  We  let  TPy  denote  a 
transmission  period  of  class  Cj.  If  the  transmission  of  the  mes¬ 
sage  is  successful,  then  TP,  =  7)  +  1  (where  the  additional  slot 
accounts  for  the  propagation  delay  since  it  is  only  one  slot 
after  the  end  of  transmission  that  the  channel  will  be  sensed 
idle  by  all  users);  and  if  the  transmission  of  the  message  is 
unsuccessful,  then  TP^  =  7"c(/)  +  I ,  with  7'c(/)  =  Tc  in  the  case 
the  collision  detection  feature  is  in  effect,  and  Tc(/)  =  7), 
otherwise 
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Fig.  3.  The  various  situations  arising  after  empty  backlogs. 
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Let  {/*i  denote  the  sequence  of  all  EOC’s,  also 

called  Cx-imbedded  points',  and  let  {f«2(r)}^_»  denote  the 
sequence  of  EOC’s  such  that  n1(fe2(r *)  =  0,  also  called  C2- 
imbedded  points.  Given  our  model,  the  imbedded  processes 
{n/O,/'))}-.-,/  =  1,2,  are  two  interacting  Markov  chains. 
Let  Pj  denote  the  transition  probability  matrices  and  let  11/  = 
W  .  ffi  U\  ",  «MjU)l  where  nkU)  =  linw.  Pr  {«/(/e/(,))  = 
k},  denote  the  stationary  distributions. 


B.  Stationary  Performance  Measures 

Define  a  C,-cycle  to  be  the  time  between  two  successive  Cp 
imbedded  points.  From  the  theory  of  regenerative  processes, 
we  can  state  that  the  average  stationary  channel  throughput 
for  class  /,  5/,  is  computed  as  the  ratio  of  the  average  time  that 
the  channel  is  carrrying  successful  Cy-transmissions  during  a 
C/-cycle  to  the  average  duration  of  a  C/- cycle.  Similarly,  the 
average  channel  backlog  N,-  is  computed  as  the  ratio  of  the 
expected  sum  of  the  backlog  over  all  slots  in  a  Cp cycle  to  the 
average  duration  of  a  Cp cycle.  Letting  Ps^\k)  denote  the 
probability  of  a  successful  Cytransmission  during  a  Cy-cycle 
given  nftej^)  =  k  (and  clearly  there  is  exactly  one  Cp 
transmission  in  a  Cy-cycle)  and  letting  E[  •]  denote  the  ex¬ 
pectation  of  the  random  variable  following  the  letter  E,  we 
have 


*U 

2  *iU)PsU\i)Tj 

1=0 

7  “  Mj 

X  »/'>£[ !«/(/,/'>)  =  I] 
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- 
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(0 
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From  Little’s  result,  the  average  packet  delay,  normalized  to 
Tj,  is  then  simply  expressed  as 


(3) 


In  the  remainder  of  this  section,  we  give  all  the  basic  elements 
needed  to  evaluate  (l)-(3). 


C.  The  One-Step  Transition  Matrices  for 
Processes  n{(t)and  n2(t) 


For  an  arbitrary  matrix  P,  we  adopt  the  notation  (F]<  * 
to  represent  its  (/,  k)th  element.  For /  =  1,2,  let  //  denote  the 
identity  matrix  of  dimension  (Mj  +  1).  Consider  the  matrices 
defined  for  0  <  /,  k  <  Mj  by 


(1  -ajfr^ipfi  -p,/-1) 
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k  >  i  +  1 


['/],.*  = 


;)(i -Ojf,rkaik-i  k>i  (6) 

(7) 


We  note  that  these  matrices  are  the  one-step  transition  matrices 
for  process  «/(r)  during  a  Cysubcycle,  where  the  correspond¬ 
ence  to  the  slot  is  as  shown  in  Fig.  2.  Indeed,  considering  the 
slot  immediately  preceding  the  transmission  period,  [Sj]i  k  is 
the  probability  of  transition  from  state  i  to  state  k  and  the 
transmission  period  being  successful  (i.e.,  there  being  a  single 
user  becoming  ready,  given  that  some  user  became  ready),  and 
[Fj\i.k  is  ^  probability  of  transition  from  state  i  to  state  k 
and  the  transmission  period  being  unsuccessful.  During  the 
priority  assessment  period  and  the  transmission  period,  all  new 
arrivals  join  the  backlog,  and  thus  the  transition  probabilities 
are  given  by  Qj.  During  the  idle  period,  with  the  exception  of 
its  last  slot,  the  backlog  remains  invariant  since,  according  to 
the  CSMA  procedure  described  above,  a  new  arrival  sensing  the 
channel  idle  would  transmit  with  probability  one;  thus  //  is 
the  corresponding  one-step  transition  probability.  Finally,  // 
is  introduced  to  represent  the  fact  that  a  successful  transmis¬ 
sion  decreases  the  backlog  by  1 .  The  one-step  transition  matrix 
for  process  n2(t )  during  a  C, -subcycle  is  simply  Q2  and  vice 
versa.  Similarly,  one  can  establish  the  correspondence  to  slots 
in  a  C0-subcycle.  From  Fig.  2,  we  also  deduce  that  for  /  =£  0 
we  have 


[p1b.*  =  [e,2(s1el7'i+,/1  +p,<2.r'(1)+1)],.* 

i  *  0.  (8) 


D.  Transition  Matrix  P 2 

Consider  first  the  case  n2(te2<-r))  =1^0.  The  time  sepa¬ 
rating  2(r)  and  f*2(r+1 *  consists  of  the  C2-subcycle  immedi¬ 
ately  following  f,2(r\  and  a  succession  of  C, -subcycles  for  as 
long  as  «,  (t)  &  0.  During  all  Ct  -subcycles,  new  arrivals  to  class 
C2  join  the  backlog.  Let  te'  denote  the  time  of  the  first  EOC 
following  te2(r\  and  let  Lm  =  fe2(r+1 )  -  te'  conditioned  on 
ni(te  )  =  m.  If  m  =  0,  then  Lm  =  0  with  probability  1.  For 
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m  #  0,  in  order  to  compute  Lm  ,  we  consider  the  imbedded 
Markov  chain  with  the  transition  probabilities 

{(7\},.k,r  =  1,  2,  =  1,  s  expressed  in  (8), 

and  the  transition  probability  [  /*,  ]  0  0  =  1  to  render  state  0 
an  absorbing  state.  Lm  is  the  time  it  takes  process  nl(tei  (u)) 
to  reach  state  0  (for  the  first  time),  starting  in  state  m. 

The  length  of  a  C,  -subcycle  is  a  function  of  the  state  of  the 
semi-Markov  chain  before  and  after  the  transition.  Let  tei 
and  r€l(#+,)  be  two  consecutive  imbedded  points,  and  let 
Itj  (equal  to  tei  (u*1^  —  tel^)  denote  the  length  of  the  C,- 
subcycle,  given  that  n1(re,(u))  =  /  and  nj(f#1^+l^)  =  j.  The 
idle  period  in  the  C,  -subcycle  is  a  function  of  the  backlog 
at  the  end  of  the  priority  assessment  period.  Given  that 
nl(tet (l,)  +  2)  =  k;  the  length  of  the  idle  period,  denoted  by 
/k(1),  is  geometrically  distributed.  The  z-transform  7k(1)*(z) 
of  the  probability  mass  function  of  /k(1  *  is  given  by 


4(1)>) 


(l-6a(>))» 
1  -5k(,)z 


(9) 


where 


sition  matrix,  namely  the  fact  that  [7>I  ]  it  k  =  0  for  k  <  i  —  1 , 
this  linear  system  can  then  be  solved  recursively  to  obtain  the 
nth-order  moments  once  the  lower  order  moments  have  been 
computed. 

The  number  m  of  C,  -messages  accumulating  at  te'  is  a  func¬ 
tion  of  the  length  of  the  C2 -subcycle.  Given  that  n2(te2(r)  + 
4)  =  k,  we  let  /k(2)  denote  the  length  of  the  idle  period.  /k(2) 
has  the  same  distribution  as  / ***  *  in  which  the  parameter  5  k(l  1 
is  replaced  by 

6Jk(*)  =  (l-p2)‘(l-o2)*4-*.  (13) 

Success  or  failure  in  the  transmission  period  is  a  direct  func¬ 
tion  of  n2(te2^  +  4).  Given  that  n2  ie2^  +  4)  =  k  and  that 
the  transmission  period  TP2  is  successful,  we  denote  by  Tk(l) 
the  length  of  the  C2 -cycle;  Yk^  is  equal  to  4  +  /k(2)  +  T2  + 
1  and  has  a  moment  generating  function  Tk(j)*(z)  expressed 
as 


(1  -5k(2))zr2+6 
1-St(2>z 


(14) 


5*(1)  =  0-P,)*(1-o1)Mi'''  00) 

The  transmission  period  TP,  equals  T,  +  1  or  7*c(,)  +  1 
depending  on  the  success  or  failure  of  the  transmission.  There¬ 
fore,  letting  4/*(z)  denote  the  generating  function  of  the 
probability  mass  function  of  we  can  write 


U  *  IPilu 


(l-6k(1>>r^4 
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Let  Lm*{z)  denote  the  generating  function  for  Z.m;due  to 
the  recursive  nature  of  Markov  chains,  we  can  finally  write 

M 

Lm*(z)=  S  [*lW«./*(*X/(*).  02) 

jam  -  I 


Equation  (12)  defines  a  system  of  Af ,  equations  in  the  Af,  un¬ 
knowns  {Z.m*(z)}m=*, .  As  it  is  difficult  to  solve  this  system 
symbolically  for  reasonable  values  of  M ,  we  numerically 
compute  the  distributions  in  question  by  successive  iterations, 
starting  with  an  arbitrary  set  of  initial  distributions.  Note  that 
the  above  system  also  allows  us  to  compute  very  easily  the 
moments  of  {Lm}mii  Indeed,  the  nth-order  differentiation 
of  (12)  evaluated  at  z  =  1  leads  to  a  linear  system  relating  the 
nth-order  moments,  with  coefficients  which  are  functions  of 
the  lower  order  moments.  Given  the  special  form  of  the  tran¬ 


Similarly,  we  define  Yk^  for  the  case  of  failure;  its  moment 
generating  function  is  expressed  as 


^•(z) 


(1  -5k<2>)zrr(2)+6 
1  -6fc(2)z 


OS) 


All  C, -messages  arriving  in  the  C2 -subcycle  will  accumulate  at 
the  end  of  the  C2-subcycle  and  initiate  the  sequence  of  conse¬ 
cutive  C, -subcycles.  Given  that  the  length  of  the  C2 -sub¬ 
cycle  is  y  slots,  the  probability  that  n,(re’)  =  m  is  given  by 
lQty]o,m-  Removing  the  condition  on  y,  this  probability  is 
[T*(,)*02i)]o,m  case  of  success,  and  [Tk(/)*(£?i)]0.m 
in  case  of  failure.  Given  that  n2( fe2(r*)  =  i,  the  probability 
that  n2(te2^r)  +  4)  is  k  is  simply  [fi24]f,k.  Given  that 
n2(te')  =  m  and  Lm  =  a,  the  transition  matrix  for  process 
n2(r)  over  the  entire  sequence  of  C, -subcycles  is  simply  Q2a. 
Removing  the  condition  on  a,  the  latter  becomes  Lm*(Q2). 
As  a  result,  we  can  write  the  (f,  /)th  element  of  matrix  P2  for 
i  =£  0  as 


[^2 1 =  £  [Ql*h, 


r  Mi 


£  tn(,)’(g.)]o.. 


L"»  =  o 


’  S2Q2Ti*lJ2Lm*(Q2) 

M, 
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"1  =  0  J*./. 

(16) 


Consider  now  an  imbedded  point  te2(r)  for  process  n2(te2) 
such  that  n2(te2(r))  =  0.  We  are  seeking  the  elements  [7>j)o.* 
of  the  transition  matrix  P2.  We  distinguish  several  cases  as 
shown  in  Fig.  3.  The  first  five  cases  correspond  to  the  situa¬ 
tions  in  which  some  arrivals  from  either  class  C,  or  class  C2 
or  both  occur  in  the  priority  assessment  period,  and  thus 
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initiate  a  transmission  immediately  following  the  end  of  the 
priority  assessment  period;  the  remaining  five  cases  correspond 
to  the  situations  where  no  arrivals  take  place  in  the  priority 
assessment  period,  and  thus  an  idle  period  /0  is  observed 
before  a  transmission  period  is  encountered.  We  let  te'  again 
denote  the  time  of  the  first  EOC  following  /e2('\  Let  a(a j, 
cr2)  and  b(a2 ,  a2)  be  defined  as 

fl(a|,a2)£[G/]0.ai[Q24]0.aj 

0<a,  <Af,;  0  <  a2  <Af2  (17) 


,,  \  A  rr\  r\-\  l  »  I  I  U .  a  |l  i  II 

b(a, ,  a2)  =  j(0,  0) - r— * - r 

1  2/  V  rn2 


[Qi2]o.aAQ22]o.a, 

1  ~  [Ql2]o,o[Ql2]o,0 


0<a,  <Af,;  0  <  a2  (18) 

It  is  easy  to  see  that  the  transition  probabilities  between  r<2(r) 
and  te'  are  given  by 

Pr  {«i(t<')  =  *1,n2(re')  =  *2|n,(r<2(r))  =  n2(re2(r))  =  0} 
“[«(l,0)  +  6(l,0)][fi17,i  +  ‘/1]1>kl[fi27'i4«]o,ik2 
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.[flj.a(rfO),re(J))ti]/iiti  (19) 

Note  that  if  n ,  (r,')  =  0,  then  f,  2  (,+ 1  >  s  f /,  otherwise  te  2  (r+ 1  > 
is  the  first  EOC  following  tf  such  that  «](/,)  =  0.  As  a 
result  we  have 

(^2 1  o./  =  Pr  ("i  (',')  =  0,  n2(t «.')  =  / 

K(',2(,))  =  "2('r2(r))  =  0} 

"l  / 

Pr  =  n2(te')  =  k2 

k  j  =1*2  =  0 


/2 ,  we  can  express  (20)  as 

Af,  / 

1^2  ]  0./  =  2  2  Prt"l(0  =  *l."a('e'):B*2 

*,=0  *2  =  0 

I n,  (r,2(r))  =  n2('*2(r))  =  0}[Lfc,  *(fia)]  *2>/ . 


E.  Transition  Matrix  P i 

Equation  (8)  gives  [/>1  ] ,  *  for  /  =^=  0.  It  remains  to  compute 
[/*,  ]o,*.  Given  tel  ^  such  that  n,  (r,,(r))  =  0andn2(re.1  (r))  = 
/,  we  note  that  tet^  corresponds  also  to  a  C2-imbedded 
point,  and  therefore  we  have 

Pr  {n,(Gi  °'+1  >)  =  A:l«,  (tel  <r))  =  0,  n2(tel  (r))  =  (} 

Af2 

2  [G24]/.;W2)(/)i,/J)’(e1) 

/=i 

».  +(l-p,(J,W</)*(C2i)]o.k  (22) 

Af2 

2  Pr{«t(0  =  *-  *2(0  =  *2 

*2=o 

l«l(G2)  =  n2(re2)  =  0}  i  =  0 

where  pf(2)(/)  is  the  probability  that  the  transmission  period 
in  a  C2-subcycle  is  successful  when  j  backlogged  users  and 
M2  —  j  thinking  users  are  contending,  and  is  given  in  (28) 
below.  We  remove  the  condition  n2(feI(r))  =  i  by  simply 
noting  that,  in  steady  state,  the  probability  of  this  event  is 
rr/2*.  Thus,  we  get 

Af2 

[^i  1  o.  *  =  2  1 )  Pr  (« i  ('. i ('+ 1  >)  =  k  |  n .  (t, , ('>) 


~  0.  n2(te\  *r)  =  r} . 


F.  Throughput-Delay  Performance 

To  complete  the  evaluation  of  (1 )  and  (2)  we  need  to  com¬ 
pute,  for  /  =  1 .  2,  Ps^\i),  the  average  duration  of  a  cycle,  and 
the  expected  sum  of  the  backlog  over  the  cycle,  given  that 
nj(te^r>)  =  i.  It  is  easy  to  see  that  the  P^'\i)  are  given  by 

^j(l  *(0)  =  rr0*2  *[a(  1,0)  +  6(1 ,  G )]  (24) 

P,(2){0)  =  j(0.  !)  +  b(0.  1)  (25) 


\n\Ue2(r))  =  n2(te2{r})  =  0}  *(G2)  J*2  ^(,,0)=2  {Q\2)i.kPs0)(k)  i*0 


Since  L0*(z)  =  1,  adopting  the  convention  L0*(Q2  )  =  Q2°  = 


p,{2)( o  =2iC24i.-.fcPi(2,(*)  «*o 
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TABLE  I 

COMPARISON  BETWEEN  ANALYTIC  AND  SIMULATION  RESULTS 


P-CSMA-CD; 

Ml  -  Mj  -  5; 

Ti  -  10:  Tj 

-  100; 

Tc  -  2  ; 

01  *  0. 

0022 

Pi  •  P2 

o2 

Si 

Sj 

_ Dl _ 

a? 

ANALYSIS 

SIKUL. 

ANALYSIS 

SIMUL. 

ANALYSIS 

SIMUL. 

ANALYSIS 

SIMUL. 

0.0002 

0.106 

0.099 

0.098 

0.100 

20.41 

21.94 

114.0 

116.56 

0.0010 

0.100 

0.094 

0.429 

0.431 

48.14 

49.53 

165.2 

165.16 

0.0016 

0.097 

0.096 

0.587 

0.573 

63.56 

62.25 

219.7 

226.57 

0.0020 

0.096 

0.098 

0.649 

0.658 

69.79 

68.31 

259.7 

272.27 

0.0002 

0.106 

0.102 

0.098 

0.085 

19.12 

19.42 

115.5 

115.18 

0.0010 

0.101 

0.099 

0.433 

0.420 

43.80 

44.14 

154.6 

155.53 

0.0016 

0.098 

0.096 

0.602 

0.596 

58.04 

58.08 

201.7 

206.51 

0.0020 

0.097 

0.095 

0.671 

0.660 

64.27 

66.11 

237.7 

247.92 

0.0002 

0.106 

0.101 

0.098 

0.101 

18.78 

19.51 

110.3 

113.25 

0.0010 

0.101 

0.096 

0.434 

0.429 

42.95 

45.41 

152.3 

149.17 

0.0016 

0.098 

0.097 

0.602 

0.594 

56.79 

58.05 

201.4 

203.46 

0.002C 

0.096 

0.096 

0.669 

0.663 

62.70 

65.03 

241.6 

252.17 

where 


u)/lr.  _  kp,< \  - Pj)k ojfr *  +  (Mj  - ky,,{  1  -  Ojfr *  ■ - 1  ( 1  - Pj)k 
Pt  ()  i-O -PiKi-ofr* 


(28) 


The  expressions  for  the  expected  duration  of  a  cycle  and  for 
the  expected  sum  of  backlogs  over  a  cycle  are  straightforward 
and  are  given  in  the  Appendix.  We  simply  note  that  if  Hy(f)  = 
k(k  =  Q,  1 ,  — ,  Mj)  for  some  t,  and  Rx,R2,",Ri  are  the  one- 
step  transition  matrices  over  /  consecutive  slots  following  t, 
then  the  expected  sum  of  backlogs  over  the  /  slots  is  given  by 
the  Arth  element  of  vector  [(/,  +  Z?Jl\Rx  R2-Rv)Hj] ,  where 
Hj  is  a  column  vector  of  M-  +  l  elements  such  that  its  trans¬ 
pose  is  HjT  —  (0,  1,2,  — ,  Mj). 

IV.  NUMERICAL  RESULTS 

We  discuss  in  this  section  numerical  results  concerning 
the  performance  of  P-CSMA.  In  addition  to  the  analysis 
presented  in  Section  Ill  for  the  nonpreemptive  case,  simula¬ 
tion  of  P-CSMA  has  been  performed  [7] .  The  purpose  of  the 
simulation  is  twofold:  1)  to  cross  validate  the  results  obtained 
from  two  models,  and  2)  to  experiment  with  variations  of  the 
scheme,  traffic  patterns,  and  network  loads  which  are  not 
easily  handled  by  the  present  analysis.  For  example,  although 
the  analysis  of  preemptive  P-CSMA  is  feasible  following  the 
approach  used  in  Section  III,  the  effect  of  preemption  has 
been  studied  by  simulation,  as  the  number  of  different  situa¬ 
tions  which  arise  in  the  preemptive  case  pertaining  to  the 
occurrence  of  various  events  is  larger  than  in  the  nonpreemp¬ 
tive  case,  and  thus  renders  the  analysis  a  more  tedious  exercise. 
Furthermore,  the  analysis  presents  some  limitations  on  the  size 
of  the  system,  namely  Af,  and  Af2,  and  on  the  load  offered  to 
the  channel,  in  particular  from  class  C, ,  for  which  the  compu¬ 
tations  can  be  economically  performed.  The  simulation  is  thus 
used  to  examine  larger  systems  and  to  verify  that  the  behavior 
of  P-CSMA  is  the  same  in  both  small  and  large  systems.  It  is 
also  important  to  note  that  the  cross-validation  of  results  from 
both  models  is  perhaps  among  the  greatest  benefits.  The  excel¬ 
lent  agreement  which  is  observed  between  the  results  ob¬ 
tained  from  both  models  (as  shown  in  Table  I)  allows  us  to 
verify  that  a)  both  the  analytic  and  simulation  models  are 


correct;  b)  the  analysis  is  computationally  feasible  (and 
economically  feasible  for  relatively  small  systems  such  as 
M  =  5)  in  that  the  accuracy  of  the  computations,  especially 
in  solving  (12),  is  perfectly  acceptable;  and  c)  the  length  of  the 
simulation  runs  and  the  accuracy  of  the  simulation  results 
are  acceptable  without  the  need  to  provide  confidence  inter¬ 
vals.  Finally,  note  that  since  the  behavior  of  p-persistent 
CSMA  has  been  extensively  studied  in  the  past  and  thus  is 
fairly  well  understood  [4] ,  [5] ,  we  focus  in  this  paper  on 
numerical  results  pertaining  to  the  priority  function  and  the 
effect  of  various  system  parameters  on  its  performance. 

A.  Effect  of  the  Transmission  Probabilities  p 2  and  p2 

Typically,  one  is  given  the  volume  of  traffic  which  needs  to 
be  carried  for  each  class,  that  is,  S,  and  S2 ,  and  measures  the 
performance  of  P-CSMA  in  terms  of  the  average  packet  delays 
£),  and  D2.  Just  as  with  CSMA  without  priority,  for  given 
values  of  S,  and  S2  there  are  optimum  values  of  p,  and  p2 
which  lead  to  the  minimum  delays  £>,  and  D2.  The  optimum 
throughput-delay  characteristics  of  P-CSMA  are  given  by  the 
lower  envelopes  of  all  the  constant  (p, ,  p2)  throughput-delay 
surfaces  £>,(S, ,  S2)  and  D2(SX,  S2),  where  the  latter  are  ob¬ 
tained  by  varying  a,  and  o2 . 

To  study  the  sensitivity  of  packet  delays  top,  andp2,we 
consider  the  nonpreemptive  p-persistent  P-CSMA-CD  scheme 
on  a  broadcast  bus  with  two  classes  of  priority.  We  let  T,  =10 
slots  (i.e.,  short  C, -packets),  T2  =  100  slots  (i.e.,  long  C2- 
packets),  and  Tc  =  2  slots  (neglecting  the  parameters  £  and  f)- 
Fixing  S,  =  0.1,  we  plot  in  Fig.  4  D,  and  D2  versus  the  total 
channel  throughput  S,  +  S2  for  Af,  =  M2  =  5  and  various 
values  of  p,  and  p2.  We  note  that  with  Af,  =  M2  =  5,  the 
value  p,  =  p2  =  0.2  gives  near  optimum  performance  over  the 
entire  range  of  achievable  throughput.  Smaller  values  of 
p,  andp2  may  achieve  slightly  mgher  maxir  .um  total  through¬ 
put  S,  +  S2  (also  called  channel  capacity),  but  provide  higher 
delays;  larger  values  of  p,  and  p2  achieve  decreasing  values  of 
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Fig.  4.  Sensitivity  of  packet  delay  to  px  and  p2  m  nonpreemptive 
P-CSMA-CD  with  M ,  =  M2  *  5  (obtained  from  analysis). 

channel  capacity  without  noticeable  improvement  in  delay. 
Note,  however,  that  in  general  for  small  systems  (Mx  =  Af2  = 
5)  Dx  and  D2  are  fairly  insensitive  to  changes  in  px  and  p2 
falling  in  the  range  (0.1,  0.5).  In  the  sequel  we  shall  use  px  = 
p2  =  0.2  to  plot  near  optimum  performance  of  P-CSMA-CD 
with  M  —  5. 

For  larger  systems  such  as  Af,  —  M2  =50  users,  the  choice 
of  p,  and  p2  becomes  more  critical,  as  can  be  seen  in  Fig.  5 
which  is  obtained  from  simulation.  Keeping  Sx  relatively  small 
(e.g.,  S,  =  0.1),  Dx  and  D2  are  still  fairly  insensitive  top,  as 
long  as  Pi  is  reasonably  selected,  such  as  p,  =  0.1;  but  the 
effect  of  p2  is  more  important  and  the  selection  of  an  opti¬ 
mum  p2  is  more  crucial.  These  conclusions  are  not  surprising 
and  conform  to  the  known  behavior  of  nonprioritized  CSMA 
[4],  [5], 

B.  The  Nonpreemptive  Priority  Function 

We  now  examine  the  effect  of  the  nonpreemptive  priority 
function  on  the  throughput-delay  characteristics  of  each  prio¬ 
rity  class.  We  again  let  Tx  =  10,  T2  =  100,  and  Tc  =  2.  For 
Mt  =  M2  =5andp,  -p2  =  0.2,  we  plot  in  Fig.  6  Dx  andDj 
versus  5,  +  S2  for  various  fixed  values  of  5, ,  namely  5,  = 
0.1,  0.2,  and  0.4.  The  solid  curves  correspond  to  the  nonpre¬ 
emptive  P-CSMA-CD,  while  the  dashed  curves  correspond  to 
CSMA-CD  without  priority  (obtained  here  by  simulation). 
Since  the  packet  delay  includes  the  time  of  successful  trans¬ 
mission  of  the  packet,  for  this  case  where  T2  >  Tx,  D2  is 
greater  than  Dx  for  both  CSMA-CD  and  P-CSMA-CD.  The 
important  point  to  make,  however,  is  that  as  S2  increases  to 
reach  saturation,  Dx  increases  in  this  nonpreemptive  P-CSMA- 
CD  but  only  to  reach  a  finite  average  at  saturation,  while  in 
CSMA-CD  without  priority,  both  Dx  and  D2  increase  in¬ 
definitely.  The  increase  in  Dx  in  nonpreemptive  P-CSMA-^D 


Fig.  5.  Sensitivity  of  packet  delay  to  p2  in  nonpreemptive  P-CSMA- 
CD  with  Af,  =  M2  =  SO  (obtained  by  simulation). 


Fig.  6.  Throughput-delay  tradeoffs  for  nonpreemptive  P-CSMA-CD 
with  Af,  =  Af2  =  5,  T,  =  10,  and  T2  =  100  (obtained  from  analysis). 

depends  on  T2  and  is  more  important  for  larger  T2.  In  Fig.  7 
where  Tx  —  T2  =  10,  we  observe  that  the  increase  in  Dx  is 
not  as  steep  and  the  maximum  delay  Z>,  reached  is  only 
2.5 Tx.  From  Figs.  6  and  7,  we  also  observe  the  effect  on  per¬ 
formance  of  the  overhead  incurred  in  implementing  the  pri¬ 
ority  function.  Clearly,  the  price  we  pay  for  the  priority  func¬ 
tion  is  more  important  with  smaller  packet  sizes. 
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THROUGHPUT  (S, ♦  S2) 


Fig.  7.  Throughput-delay  tradeoffs  for  nonpreemptive  P-CSMA-CD 

with  M  i  =  M2  =  5  and  T x  =  T2  =  10  (obtained  from  analysis),  and 

CSMA-CD  without  priority  (obtained  from  simulation). 

C.  Effect  of  Preemption  on  the  Performance  of  P-CSMA-CD 

The  fact  that  in  the  nonpreemptive  case  the  increase  in 
Dx  as  S2  increases  is  greater  with  larger  T2  indicates  that 
preemption  will  clearly  improve  the  delay  characteristics  for 
class  C, .  Denoting  by  Tp  the  period  of  time  at  the  beginning 
of  a  C2  -transmission  during  which  class  C,  is  allowed  to  pre¬ 
empt,  we  plot  in  Fig.  8  the  packet  delays  for  the  nonpre¬ 
emptive  (NP),  semipreemptive  (SP;  Tp  =  0),  partial  preemp¬ 
tive  (PP;  0  <  Tp  <  T2),  and  full  preemptive  (FP;  Tp  =  T2) 
cases  for  Mx  —  M2  =  5  and  71,  =  10,  T2  =  100.  Fig.  9 
displays  the  variance  of  packet  delay  for  the  same  cases. 
An  improvement  in  Cx  -packet  delay  (for  both  expectation 
and  variance)  is  clearly  achieved,  but  at  the  expense  of  lower 
channel  capacity.  The  degradation  in  channel  capacity  ex¬ 
perienced  as  the  degree  of  preemption  gets  higher  is  shown  in 
Fig.  10. 

Consider  now  the  large  system  Mx  =  M2  =  50.  In  Fig.  1 1 
we  plot  Dx  and  D2  for  the  NP,  SP,  and  FP  cases  for  px  = 
0.1  and  for  various  values  of  p2  (namely,  0.01  and  0.05). 
It  is  interesting  to  observe  that,  contrary  to  the  NP  case,  the 
average  delay  Dx  in  the  SP  and  FP  cases  is  not  sensitive  to  p2 . 
The  same  is  true  for  the  variance.  This  indicates  that,  if  p2  is 
not  properly  selected,  the  use  of  SP  (and  FP)  safely  provides 
the  optimum  performance  for  class  C, . 

Preemption  is  most  desirable  when  T2  is  larger  than  7", .  If 
T2  is  small,  say  T2  =  10,  the  improvement  in  packet  delay 
(and  degradation  in  channel  capacity)  is  more  moderate  than 
with  larger  T2.  This  can  be  easily  seen  from  Figs.  12  and  13, 
which  display  results  for  the  two  cases  Tx  =  T2  =  10  and 
r,  =  100,  T2  =  10,  respectively.  In  fact,  in  the  latter  case 
where  T2  <  Tx,  Dx  remains  fairly  constant  over  the  entire 


THROUGHPUT  (S,  ♦  S2) 

Fig.  8.  Throughput-delay  tradeoffs  for  nonpreemptive,  semipre¬ 
emptive,  partially  preemptive,  and  fully  preemptive  P-CSMA-CD 
with  Af,  =  Af2  =  5,  T\  =  10,  and  T2  =  100  (obtained  by  simulation). 


THROUGHPUT (Si  * Sj) 


Fig.  9.  Variance  of  packet  delay  for  nonpreemptive,  semipreemptive, 
partially  preemptive,  and  fully  preemptive  P-CSMA-CD  with  M j  * 
Afj  =  5,  T\  *  10,  and  T2  =  100  (obtained  by  simulation). 
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Fig.  10.  Channel  capacity  as  a  function  of  the  preemption  fraction 
Tp  for  the  partially  preemptive  P-CSMA-CD,  with  Mx  =  Afj  »  5, 
T\  =  10,  and  7"j  =  100  (obtained  by  simulation). 


Fig.  11.  Companion  of  nonpreemptive,  semipreemptive,  and  fully 
preemptive  P-CSMA-CD  in  Urge  systems;  Mx  «  M2  *  SO,  T\  ■  10, 
and  7*2  *  100  (obtained  by  simuUtion). 


Fig.  12.  Throughput-delay  tradeoffs  for  P-CSMA-CD  with  Af,  =  ,Vf2  = 
5,  and  T\  =  7'2  =  10  (obtained  from  analysis  and  simulation). 


Fig.  13.  Throughput-deUy  tradeoffs  for  P-CSMA-CD,  with  M j  «  M2  * 
5,  T|  *  100,  and  T 2  ”  tO  (obtained  by  simuUtion). 
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Fig.  14.  Throughput-delay  tradeoffs  for  P-CSMA-CD  with  Af,  =  Af2  = 
5  and  7",  =  7"2  =  100  (obtained  from  simulation). 

range  of  5]  +  S2 ,  and  both  the  preemptive  and  nonpreemp- 
tive  disciplines  give  almost  identical  results.  Fig.  14  displays 
numerical  results  for  the  case  Tx  -  T2  =  100.  Figs.  12  and 
14  show  that  when  T,  =  f2  the  rate  of  increase  in  D,  as 
S2  increases  is  less  significant  than  in  the  case  Tx  <T2,  and 
that  the  effect  of  preemption  is  relatively  moderate. 

D  Effect  of  Buffer  Size 

According  to  the  model  description  in  Section  III,  each 
user  possesses  one  packet  buffer  per  priority  class,  and  does 
not  generate  a  new  packet  until  the  previous  one  has  been 
successfully  transmitted.  Having  assumed  all  users  to  be 
identical,  this  has  allowed  us  to  use  a  simple  system  state 
description,  namely  n,{t),  the  number  of  busy  users  at  time 
t.  Since  the  generation  process  of  a  thinking  user  is  a  Bernoulli 
one,  and  thus  is  memoryless,  the  model  (and  analysis)  cor¬ 
responds  also  to  the  situation  where  the  user  generates  new 
packets  according  to  the  Bernoulli  process  at  all  times,  but 
where  new  packets  which  find  the  buffer  occupied  are  lost. 
In  this  case,  the  delay  measure  represents  the  delay  of  packets 
which  are  not  rejected.  The  probability  of  a  packet  getting 
lost  is  (o,  -  Sj)loj.  Letting  B  denote  the  number  of  packet 
buffers  per  user  and  per  priority  class,  we  investigate,  via 
simulation,  the  effect  of  values  of  B  larger  than  one.  We  plot 
in  Fig.  15  the  average  packet  delays  for  nonpreemptive  P- 
CSMA-CD  when  Mx  =  M2  =  5,  f,  =  10,  T2  =  100, 5,  =  0.1 
and  two  values  of  B,  B  =  1  and  5  =  2.  In  Fig.  16  we  plot  the 
variance  of  packet  delay,  and  in  Fig.  17  we  plot  the  probabil¬ 
ity  of  packet  loss.  We  note  that  for  this  small  system,  M  =  5, 
and  small  load,  5,  =  0.1,  the  average  packet  delay  and  its 
variance  remain  the  same  for  class  C, ,  but  increase  for  class 
C2  as  B  is  increased  to  two  (due  to  queueing).  Clearly,  packet 
loss  decreases  for  both  classes;  for  C,  with  B  =  2  and  S,  = 


Fig.  15.  Effect  of  buffer  size  on  average  packet  delay  in  nonpreemp¬ 
tive  P-CSMA-CD;  Af,  *  Af2  »  5.  7~,  =  10.  and  T2  ■  100  (obtained  by 
simulation). 


Fig.  16.  Effect  of  buffer  size  on  variance  of  packet  delay  in  nonpre¬ 
emptive  P-CSMA-CD;  Af,  *  Af2  =  5,  T,  »  10,  and  T2  =*  100  (ob¬ 
tained  by  simulation). 
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Fig.  17.  Probability  of  packet  loss  for  various  buffer  sizes  in  non- 
preemptive  P-CSMA-CD  with  Afj  =  M2  =5,7"]  =  10,  and  Tj  »  100 
(obtained  by  simulation). 

0.1,  packet  loss  decreases  to  almost  zero.  This  indicates  that, 
as  longs  as  Ct -throughput  is  not  too  high,  combining  priority 
functions  with  two  packet  buffers  guarantees  excellent  delay 
performance  and  negligible  packet  loss.  Needless  to  say  that  a 
preemptive  scheme  would  achieve  even  smaller  packet  loss, 
and  that  will  larger  M,  packet  loss  is  naturally  lower  for  the 
same  throughput  5t  as  the  throughput  per  user  is  then  smaller, 
and  therefore  the  storage  capacity  is  relatively  larger. 

V.  VARIATIONS  OF  P-CSMA 

A.  1 -Persistent  Versus  p-Persistent  P-CSMA 

Immediately  following  a  reservation  burst  for  class  i,  the 
p-persistent  CSMA  scheme  consists  of  having  each  user  with 
priority  i  do  the  following:  1)  with  probability  p  it  transmits 
the  message,  2)  with  probability  1  -  p  it  delays  the  transmis¬ 
sion  by  one  slot  and  repeats  the  procedure  if  the  channel  is 
still  sensed  idle.  This  is  equivalent  to  having  each  user  with 
priority  i  transmit  its  message  following  a  geometrically 
distributed  delay  with  mean  1/p  slots,  provided  that  no  car¬ 
rier  is  detected  prior  to  that  time.  When  EOC  is  detected, 
a  new  time  reference  is  established  and  a  new  reservation 
period  is  undertaken. 

In  a  1 -persistent  CSMA  mode  (p  =  1),  instead  of  sending 
a  short  burst  to  indicate  a  reservation,  users  with  ready  mes¬ 
sages  simply  start  transmission  of  their  highest  priority  mes¬ 
sages  in  the  corresponding  reservation-slot  following  EOC, 
of  course,  provided  that  no  carrier  is  detected  in  previous 
reservation-slots.  If  a  single  user  is  transmitting,  then  its 
transmission  is  successful  and  its  termination  establishes  a 
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Fig.  18.  Nonpreemptive  1 -per  sis  tent  P-CSMA-CD. 

new  EOC  time  reference.  On  the  other  hand,  if  two  or  more 
users  overlap  in  transmission,  a  collision  results;  all  users 
become  aware  of  the  collision  and  will  consider  it  in  lieu  of 
a  reservation.  (That  is,  the  end  of  this  first  transmission 
does  not  constitute  a  new  time  reference  and  no  new  reserva¬ 
tion  period  is  started.)  All  users  involved  in  the  collision  re¬ 
schedule  the  transmission  of  their  respective  messages  incur¬ 
ring  a  random  delay,  say  geometrically  distributed  with  mean 
1/p  slots,  and  transmit  their  messages  at  the  scheduled  time 
provided  that  no  carrier  is  detected  prior  to  that  time.  The 
end  of  this  new  transmission  period  constitutes  a  new  time 
reference  and  the  procedure  is  repeated.  (See  Fig.  18.) 

In  general,  1 -persistent  CSMA  is  known  to  be  inferior  to 
p-persistent,  since  p  =  1  is  certainly  not  optimum,  especially 
if  the  likelihood  of  having  several  users  with  ready  messages 
of  the  same  priority  level  is  high.  However,  if  the  load  placed 
on  the  channel  by  some  priority  class  is  known  to  be  low 
(as  it  would  most  probably  be  the  case  for  high  priority  levels 
in  order  to  guarantee  their  performance)  then  1 -persistent 
CSMA  used  within  that  class  may  present  some  benefit. 

In  environments  where  a  collision  detection  feature  is 
available  and  the  collision  detection  and  recovery  period  Tc 
is  small  (on  the  order  of  2r,  as  is  the  case  with  ETHERNET), 
1 -persistent  P-CSMA-CD  is  clearly  superior  to  p-persistent 
P-CSMA-CD,  since  Tc  is  equivalent  to  a  reservation-slot. 

B.  Notes  on  Reservation  Overhead 

1 )  Hierarchical  Reservations:  If  the  number  of  priority 
levels  is  large,  then  the  overhead  incurred  in  the  reservation 
process  may  be  high,  especially  if  it  is  expected  that  the  bulk 
of  traffic  will  be  in  the  lower  levels  of  priority.  This  overhead 
can  be  decreased  if  a  hierarchical  reservation  scheme  (i.e.,  a 
tree  priority  resolution  algorithm)  is  used.  A  burst  in  the  first 
reservation-slot  designates  that  messages  in  the  highest  group 
of  priority  levels  are  present.  Following  that,  each  level  in  the 
group  is  assigned  its  own  reservation-slot  for  reservations, 
etc. 

2)  Message  Delay  Performance  Versus  Protocol  Overhead: 
In  the  above  described  schemes,  the  higher  the  priority  is,  the 
smaller  is  the  delay  in  gaining  access  right  to  the  channel, 
and  thus  the  better  is  the  delay  performance.  Such  a  property 
is  important  if  message  delay  for  high  priority  classes  is  a 
critical  performance  measure.  On  the  other  hand,  to  guarantee 
a  low  delay  performance  for  high  priority  classes,  it  is  im¬ 
portant  to  limit  their  load  on  the  channel;  as  a  result,  it  is 
expected  that  the  bulk  of  traffic  falls  into  the  lower  classes 
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incurring  high  overhead  at  each  priority  resolution  period. 
This  in  turn  limits  the  overall  achievable  channel  capacity. 
An  alternative  to  the  above  scheme  consists  of  having  all 
ready  users  start  transmitting  the  unmodulated  carrier  in 
view  of  a  reservation  immediately  following  EOC,  but  such 
that  the  higher  the  priority  is,  the  longer  is  the  number  of 
reservation-slots  in  which  carrier  is  transmitted.  As  a  result, 
the  highest  priority  class  present  gains  access  by  persisting 
the  longest. 


VI.  CONCLUSION 

We  described  in  this  paper  a  new  version  of  CSMA  which 
provides  message-based  priority  functions.  We  also  presented 
an  analysis  of  the  nonpreemptive  P-CSMA  which  allowed  us 
to  derive  analytically  the  throughput-delay  characteristics 
for  each  priority  class.  Limitations  in  the  analysis  were  over¬ 
come  by  also  simulating  the  scheme.  We  evaluated  the  per¬ 
formance  of  prioritized  CSMA,  and  discussed  the  effect  of 
various  system  parameters  and  of  preemption  on  the  per¬ 
formance.  Finally,  we  made  a  few  comments  on  the  overhead 
and  on  the  use  of  the  1 -persistent  protocol. 

P-CSMA  satisfies  the  requirements  set  forth  for  prioritized 
access  schemes,  in  that  it  is  robust,  efficient,  fair  to  messages 
present  within  each  priority  class,  and  requires  low  overhead 
to  implement. 
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APPENDIX 

We  give  here  the  expressions  for  the  expected  duration  of 
a  cycle  and  the  expected  sum  of  backlogs  over  a  cycle.  For 
simplicity  of  expression,  we  let,  by  abuse  of  notation,  the 
sum  /  +  Q  +  •••  +  Q1  be  represented  by  the  expression  (/  - 
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In  this  last  case  where  =  0,  we  again  remove  the 

condition  zi2(re,(r))  =  /  by  noting  that  the  probability  of 
this  event  in  steady  state  is  7r/2). 
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Distributions  of  Packet  Delay  and  Interdeparture  Time 
in  Slotted  ALOHA  and  Carrier  Sense  Multiple  Access 
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Abstract.  Packet  communication  systems  of  the  multiaccess /broadcast  type,  in  which  all  communicating 
devices  share  a  common  channel  that  is  multiaccessed  in  some  random  fashion,  are  considered.  Among 
the  various  multiaccess  schemes  known,  two  prominent  ones  are  considered:  slotted  ALOHA  and  Carrier 
Sense  Multiple  Access  (CSMA).  Existing  analysis  of  these  schemes  has  led  to  the  determination  of  the 
average  channel  performance  in  terms  of  average  throughput  and  average  packet  delay.  This  was  achieved 
by  formulating  Markovian  models  for  these  channels  with  finite  populations  of  users,  each  with  a  single 
packet  buffer.  Unfortunately,  average  performance  is  not  adequate  when  designing  communication 
systems  intended  for  real-time  applications,  such  as  digitized  speech,  or  when  analyzing  multihop  packet 
radio  networks,  and  the  analysis  has  to  be  extended  so  as  to  provide  delay  distributions.  Using  the  same 
Markovian  models,  the  distributions  of  packet  delay  and  interdeparture  time  for  slotted  ALOHA  and 
CSMA  channels  are  derived,  and  expressions  for  their  moments  are  given. 

Categories  and  Subject  Descriptors:  C.2.1  [Computer-Communication  Networks]:  Network  Architecture 
and  Design — distributed  networks',  C.2.S  [Computer -Communication  Networks):  Local  Networks — access 
schemes',  C.4  [Computer  Systems  Organization):  Performance  of  Systems — modeling  techniques 

General  Terms:  Performance,  Theory 

Additional  Key  Words  and  Phrases:  Random  access  schemes 

1.  Introduction 

Slotted  ALOHA  and  Carrier  Sense  Multiple  Access  (CSMA)  are  random  access 
methods  for  multiplexing  a  population  of  users  communicating  over  a  shared  packet- 
switched  channel  [9],  In  slotted  ALOHA  the  time  axis  is  divided  into  slots  of  duration 
equal  to  the  transmission  time  of  a  single  packet  (assuming  constant-length  packets). 
Users  transmit  any  time  they  desire,  as  long  as  they  start  transmission  of  their  packet 
at  the  beginning  of  a  slot.  If  a  conflict  occurs  (owing  to  time-overlapping  transmis¬ 
sions),  conflicting  users  reschedule  transmission  of  their  packets  to  some  random 
time  in  the  future  (1,  2,  7,  9],  CSMA  is  a  highly  efficient  random  access  scheme  for 
environments  where  the  propagation  delay  is  short  compared  to  the  transmission 
time  of  a  packet  on  the  channel.  Briefly,  CSMA  reduces  the  level  of  interference 
(caused  by  overlapping  packets)  in  the  random  multiaccess  environment  by  allowing 
terminals  to  sense  the  carrier  due  to  other  users’  transmissions;  on  the  basis  of  this 
channel  state  information  (busy  or  idle)  the  terminal  takes  an  action  prescribed  by 
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the  particular  CSMA  protocol  in  use.  In  particular,  terminals  never  transmit  when 
they  sense  that  the  channel  is  busy  {4,  9], 

The  difficulty  in  analyzing  multiaccess  schemes  such  as  slotted  ALOHA  and 
CSMA  arises  from  the  fact  that  the  system’s  outcome  is  at  all  times  dependent  on  the 
system’s  state  and  its  evolution  in  time;  for  example,  the  time  required  to  successfully 
transmit  a  packet  is  a  function  of  the  evolution  of  the  number  of  contending 
users  during  the  lifetime  of  the  packet.  To  analyze  the  performance  of  slotted 
ALOHA  and  CSMA,  Markov  and  semi-Markov  models  have  been  formulated  for 
channels  with  finite  populations  of  users,  each  user  possessing  a  single  packet  buffer 
[3,  10,  11].  Average  stationary  performance  has  been  derived  in  terms  of  average 
throughput  and  average  packet  delay.  As  the  average  performance  may  not  be 
adequate  when  designing  systems  intended  for  real-time  applications  such  as  digitized 
speech,  the  analysis  has  to  be  extended  so  as  to  include  delay  distributions.  Also, 
when  analyzing  multihop  systems,  it  is  important  to  be  able  to  characterize  the 
departure  process  from  a  collection  of  nodes,  as  this  corresponds  to  the  arrival  process 
to  other  nodes.  In  this  paper  we  show  that  using  the  same  Markovian  models,  one 
can  derive  the  actual  distribution  of  packet  delay,  as  weLl  as  the  distribution  of  time 
separating  consecutive  successful  transmissions  (referred  to  as  the  interdeparture 
time).  Moreover,  it  is  shown  that  the  analysis  provides  simple  expressions  for  all 
moments  of  these  distributions. 

The  body  of  the  paper  is  divided  into  two  sections,  one  devoted  to  slotted  ALOHA 
and  the  other  to  CSMA.  Although  the  basic  technique  of  analysis  is  the  same  for 
both  schemes,  it  is  believed  that  readability  is  improved  by  treating  the  two  schemes 
separately  for  two  reasons:  (i)  Readers  may  be  interested  in  only  one  scheme; 
(ii)  treatment  of  the  simpler  case  first,  namely,  slotted  ALOHA,  sets  the  stage  for  the 
more  complex  case  of  CSMA.  For  each  scheme  we  begin  by  describing  the  model 
and  the  transmission  protocol  considered  for  analysis.  We  then  review  the  derivation 
of  the  average  performance  as  presented  in  references  (3,  10,  11].  Following  that,  we 
address  the  issue  of  the  interdeparture  time  distribution  and  its  moments.  Finally,  we 
treat  packet  delay  and  derive  its  distribution  and  its  moments. 

2.  Slotted  ALOHA 

2.1.  The  Model.  We  consider  a  slotted  ALOHA  channel  with  a  user  population 
consisting  of  M  users.  Each  user  possesses  a  single  packet  buffer  and  therefore  can 
be  in  one  of  two  states,  thinking  or  backlogged,  depending  on  whether  its  packet 
buffer  is  empty  or  full.  Backlogged  users  transmit  their  packet  independently  accord¬ 
ing  to  a  Bemouilli  process  with  parameter  p\  that  is,  in  any  slot  t  a  backlogged  user 
transmits  its  packet  with  probability  p  and  delays  action  until  the  next  slot  with 
probability  1  -  p.  A  thinking  user  generates  a  packet  (and  thus  joins  the  set  of 
backlogged  users)  in  a  slot  with  probability  X.  The  generation  of  new  packets  is 
assumed  to  be  instantaneous  and  to  occur  at  the  end  of  the  slot.  A  packet  transmission 
in  a  slot  is  successful  if  it  is  the  only  one  in  that  slot.  A  user  is  assumed  to  leant  about 
its  success  or  failure  instantaneously.  Immediately  following  the  successful  transmis¬ 
sion  of  its  packet,  a  backlogged  user  switches  to  the  thinking  state.  With  respect  to  a 
user  who  has  completed  a  successful  transmission  in  some  slot  t,  we  distinguish  two 
cases:  (i)  The  user  may  generate  a  new  packet  (and  thus  rejoin  the  set  of  backlogged 
users)  at  the  end  of  slot  t  with  probability  X;  (ii)  the  user  may  generate  a  new  packet 
staning  only  at  the  end  of  slot  t  +  l.  Thus  in  case  (ii)  we  force  the  user  to  remain  in 
the  thinking  state  for  at  least  one  slot.  The  treatment  of  both  cases  is  very  much  the 
same.  In  this  paper  we  opt  for  case  (i).  Note  that  in  the  transmission  protocol  we 
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have  just  described,  the  first  transmission  of  a  newly  generated  packet  is  delayed  by 
a  geometrically  distributed  time  following  its  generation,  with  mean  \/p  slots.  We 
therefore  refer  to  this  protocol  as  the  delayed-first-transmission  ( DFT )  protocol  [8J. 

A  slight  variation  of  the  above  slotted  ALOHA  transmission  protocol  consists  of 
transmitting,  with  probability  1,  a  newly  generated  packet,  at  its  generation  time.  In 
this  case  it  is  assumed  that  the  generation  of  a  new  packet  by  a  thinking  user  occurs 
with  probability  X  instantaneously  at  the  beginning  of  a  slot;  its  first  transmission 
takes  place  in  that  same  slot.  If  the  first  transmission  is  unsuccessful,  then  the  user 
joins  the  set  of  backlogged  users  and  operates  as  in  the  DFT  protocol  described 
above,  namely,  transmits  the  packet  in  a  slot  with  probability  p  and  delays  action  to 
the  next  slot  with  probability  1  -  p.  This  protocol  is  referred  to  as  the  immediate- 
first-transmission  (I FT)  protocol  [8]. 

Given  the  memoryless  nature  of  the  packet  generation  and  transmission  processes, 
the  model  we  have  just  formulated  for  a  slotted  ALOHA  channel  is  Markovian.  We 
show  that  we  can  exploit  this  Markovian  property  to  derive  the  distributions  of 
packet  delay,  defined  as  the  time  elapsed  from  when  the  packet  is  generated  until  it 
is  successfully  transmitted,  and  of  the  interdeparture  time,  defined  as  the  time 
separating  two  successive  successful  transmissions. 

2.2.  Average  Channel  Performance.  Let  n(t)  denote  the  number  of  back- 
logged  users  at  the  end  of  slot  t.  This  number  includes  all  new  arrivals  to  the  set  of 
backlogged  users  that  have  occurred  in  slot  t  and  excludes  the  user  who  may  have 
just  completed  a  successful  transmission  in  that  slot  (unless,  of  course,  it  has  rejoined 
the  backlog,  as  devised  by  case  (i)  of  the  DFT  protocol  described  above).  It  is  clear 
that  the  process  (n(t),  t  »  0,  1,  2,  . . .  }  is  a  Markov  chain.  Let  ptJ  4  Pr{n(/  +  1)  = 
j\n(t)  -  i}.  These  transition  probabilities,  f~r  /  «  0,  1,2,...,  M,  are  expressed  as 

DFT  protocol: 

0,  j  <  i  —  1, 

«»(/- (l) 

+  [i  -  pm  1  -  *)"■'.  *  - 1  s  j s  m, 

I  FT  protocol: 

0, 

/\0'XI  -  X)*-, 

[i  -  p+ OKI  -  xy*-‘  +  (m  -  ox(i  -  x)M— >(i  -  P)\ 

(M  —  i)X(l  —  X)M-‘-1[l  —  (I  —  p)1], 

("_-/)  X'-(l  - 

where  we  have  adopted  the  convention  that(”)  ->  0  for  k  <  0,  and  where  P,(i)  is  the 
probability  of  a  successful  transmission  in  the  DFT  proposal  given  i  users  in  the 
backlog  and  is  expressed  as 

Pdi)  -  tp{\  -  p)‘-\  (3) 

Let  P  denote  the  transition  probability  matrix.  The  stationary  distribution  II  = 
{iro,  it\,  ,  nM),  where  w,  4  lim,_.  Pr{n(r)  =  /),  is  simply  obtained  by  solving  the 


j  <  i  —  1, 

j  =  *’  (2) 

j-i+  1. 

j  >  i  +  2; 
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system  II  =  IIP.  Given  the  special  form  of  matrix  P,  namely,  that  ptJ  =  0  for  j  < 
i-l,  the  numerical  solution  of  II  =  IIP  is  obtained  recursively.  Let  h  denote  the 
average  backlog.  This  is  computed  for  both  DFT  and  IFT  as 

M 

n  =  £  m.  (4) 

We  now  derive  the  channel  throughput  and  average  packet  delay  for  each  protocol. 

(1)  DFT  protocol.  The  average  rate  at  which  users  join  the  backlog  is,  in  steady 
state,  equal  to  the  rate  at  which  they  leave  it;  the  latter,  denoted  by  S,  is  also  the 
average  channel  throughput  (i.e.,  the  average  number  of  successful  transmissions  per 
slot)  and  is  given  by 

M 

s  =  E  »A( 0-  (5) 

i—O 

The  average  packet  delay  D  is  equal  to  the  average  time  that  a  packet  spends  in  the 
backlog  state.  Applying  Little’s  result  [5],  this  is  simply  given  by 


(2)  IFT  protocol.  The  average  channel  throughput  is  given  by 

5  =  l  iti[P,(i)(l  -  +  (M  —  i) A(1  -  X)"— ‘(1  -  p)‘l  (7) 

«—0 

The  average  rate  at  which  users  join  and  leave  the  backlog  is  given  by 

p-ZmP. (i)(l  -  X)"-‘.  (8) 

<— < 0 

The  difference  S  -  p  is  the  average  rate  of  packets  successful  at  first  transmission. 
The  average  time  a  user  spends  in  the  backlogged  state,  S,  is  by  Little’s  result 
expressed  as 

B  «  -.  (9) 

A  new  packet  is  either  successful  at  first  transmission,  in  which  case  its  average  delay 
is  just  one  slot,  or  joins  the  backlog,  in  which  case  its  average  delay  is  1  +  B.  The 
average  packet  delay  D  is  then  given  by 

D~l  +£gm\+l.  (10) 

2.3.  Distribution  of  Interdeparture  Times 

Theorem  2.1.  The  z- transform  of  the  interdeparture  time  distribution  in  slotted 
ALOHA  is  given  by 

W(z)  -  i  AP<f ‘PrfHz'  -  *A(I  -  zPj)  lPdH,  (1 1) 

i-i 

where  P</  and  Pj  are  matrices  defined  in  eqs.  (I2)-(15)  in  the  proof  A  is  a  row  vector 
solution  of  the  system  A  *  A(I  -  Pd)_1P*  H  is  the  column  vector  with  M  +  1  elements 
all  equal  to  one ,  and  l  is  the  (M  +  1)  X  (M  +  1)  identity  matrix. 
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Proof.  We  augment  the  system  state  description  to  include  an  indicator  S(t )  such 

that 


f  0  if  no  departure  occurred  in  slot  t, 

1 1  if  a  departure  occurred  in  slot  t. 

The  state  of  the  system  in  slot  /  is  now  described  by  the  pair  ( n(t ),  <5(7 )}.  It  is  essential 
to  note  that  the  state  in  slot  t  +  1,  { n(t  +  1),  S(t  +  1)),  depends  on  n(t )  but 
does  not  depend  on  S(t).  For  i  “  0,  1,  2, ....  A/,  define andpj*’  as 

p"’  4  Pr{«(/  +  1)  -j,  S(t  +  1)  =  1  |n(r)  -  /}, 

pf  4  Pr{«(/  +  1)  S(r  +  1)  -  0|n(/)  =  /}. 


These  transition  probabilities  are  expressed  as 


DFT  protocol. 

„<<<) 

Pa 

-  P.(i) 

j  +  /) 

/  —  1  £  j  S  Af , 

(12) 

„ld) 

Pa 

-[1  - 

P «(*)]  (j-i)  y~‘(l  ~  *)""'■ 

/  <  j  <  A/. 

(13) 

I FT  protocol 

Id) 

Pa 

'  p+i)(l  - 

j  “  *  “  1. 

(M-i»(  1  -  A)w-l(l  -p)‘, 

j  * 

(14) 

0, 

otherwise; 

r  o, 

p|f»-. 

|  [i  -  /y«)](i  -  X)"-, 

j  - «. 

(15) 

/V» 

otherwise. 

Let  Pd  and  Pj  denote  the  matrices  with  elements  Pjf*  and  Pjf\  respectively.  For 
any  integer  /  >  1  and  any  vector  (Si,  St,  . . . ,  Si),  where  5*  G  {0,  1}  for  all  k  g 
{1,  2, . . . ,  /},  we  have 

Pr  {n(f  +  /)-;,  S(t  +  /)  -  8,,  «(/  +  /-  1)  -  S,-u  ...,«(/+  1)  -  5,  |/i(r)  *  »} 

-[Pi.P*,  •••  PJv,  (16) 


where  Pa,  is  Pd  if  5*  *■  1  and  Pj  if  8*  —  0,  and  where  we  adopt  the  notation  [B]y  to 
denote  the  (/,  y)th  element  of  an  arbitrary  matrix  B.  We  also  have 

Pr {8(t  +  /)«&,...,  S(t  +  1)  -  $i|n(r)  »  /}  =  £  [Pa.Pa,  •  •  •  Pa,]„.  (17) 

1-0 

Let  ....  td\  td+",  . . .  denote  the  slots  at  which  a  departure  took  place,  n(td’) 
represents  the  number  of  backlogged  users  left  behind  the  departure  in  slot  t*'.  Let 
ID  denote  the  interdeparture  time.  It  is  clear  from  eq.  (17)  that 

V?  4  Pr{ID  -  l\n(tf)  -  i)  -  £  [Pj'Pclj.  (18) 

Let  V(n  be  the  column  vector  whose  ith  element,  for  i  =  0,  1,  . . . ,  M,  is  precisely 
Let  H  be  the  column  vector  with  all  elements  equal  to  1.  Equation  (18)  can  be 
written  in  matrix  form  as 


v«>  „  p£-'pdH. 


(19) 
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To  remove  the  condition  on  n(/^>),  we  now  seek  its  stationary  distribution.  The 
process  {«(/),  /£(...,  td\  . . .)}  is  a  Markov  chain  with  transition  probabilities 
given  by 

PtW)  =  j\n(t?)  -  i)  -  £  [P'i'Pd], 

i-i 

-  [(I  -  P^-PJv  (20) 

Let  A  ”  (do,  du  ....  din)  denote  the  stationary  distribution1  of  process  A  is 
obtained  as  a  solution  of  the  system  A  *  A(I  -  P<?)"lP<*. 

Removing  the  condition  on  n(l(dr>)  in  eq.  (18),  we  finally  obtain 

Pr{ID  =  /}  =  APj ‘PjH,  (21) 

and  hence  the  result  in  eq.  (11).  Q.E.D. 

A  Second  Proof.  The  same  result  can  also  be  easily  proved  as  follows.  Let 
ID*(z)  be  the  z-transform  defined  as 

03 

ID*(z)  A  £  z'Pr{ID  =  /|#i(/<?)  =  /},  (22) 

i-i 

and  let  ID*(z)  be  the  column  vector  (ID*(z),  ID*(z),  . . . ,  ID^(z))T,  where  the 
superscript  T  denotes  the  transpose  operation.  Given  n(thr))  =  i,  the  interdeparture 
time  ID  is  one  slot  if  a  departure  takes  place  in  +  1;  if  there  is  no  departure 
in  tdr)  +  1  and  n(td]  +  1 )  =  y,  then  the  distribution  of  ID  has  a  z-transform  given  by 
zID*(z).  Hence  we  have  the  relationship 

ID :<*)-  I  z[pf  (23) 

J-i-l 

which  in  matrix  notation  can  be  written  as 

ID*(z)  -  zPrfH  +  zPjID*(z)  (24) 

or 

ID*(z)  -  z(I  -  zPa)_lP<fH  -  £  Pj'-'PaHz'.  (25) 

t-i 

We  finally  note  that  ID*(z)  -  AID*(z),  hence  eq.  (11).  Q.E.D. 

Simple  closed-form  expressions  exist  for  all  moments  of  ID.  Let  ID(m>  denote  the 
mth  derivative  of  ID*(z)  evaluated  at  z  -  1;  that  is,  ID(m'  -  dmlD*(z)/dzm  |«.i. 
Clearly,  ID'1'  -  £[10],  ID'2'  -  £[ID(ID  -  1)],  ID'3'  -  £[ID(ID  -  1)(ID  -  2)], 
etc., - 

Corollary  2.1.  /£>'""  is  given  by 

IDim)  -  ml A[(I  -  Pd)-lPd]m'\l  -  Pd)~lH.  (26) 

Proof.  Let  ID*'m'(z)  denote  the  column  vector  whose  ith  element  is 
dm\D*{z)/dzm.  Differentiating  eq.  (23),  we  get 

ID*'l'(z)  -  -  £  {pf  +  p?lDj(z)  +  pf  zID;,1,(z)].  (27) 

aZ  jmi-l 


Note  that  for  the  IFT  protocol,  du  m  0. 
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Letting  z  -  1  and  noting  that  £*,-i  [p“'  +  p“‘lD£(l))  -  1,  we  get 


ID*U  (1)  -  H  +  PjID*  "(1) 


or 


ID,U)(1)  -  (I  -  Pi)-lH. 

By  successive  differentiation  of  eq.  (23)  one  can  easily  establish  for  m  >  1  that 
IDf(m’(z)  -  S  pf  [mID;<,"-l,(z)  +  zID;<m,(z)]. 

•  j-i-l 

which  leads  to 

ID*<mt(l)  -  m[(I  -  Pj)-‘Pj]ID*,m"u(l). 

Noting  that  ID'*'  -  AID*<""(1),  we  get  the  result  in  eq.  (26).  Q.E.D. 


(28) 

(29) 

(30) 

(31) 


2.4.  Distribution  of  Packet  Delay 

Theorem  2.2.  The  generating  function  for  the  distribution  of packet  delay  in  slotted 
ALOHA  is  given  by 

DFT  protocol. 

D\z)  «  zl\l  -  zPr)  'P.H 

-  i  m-‘P.Hz';  (32) 

/-i 

I  FT  protocol: 


D*{z)  =  z[ yo  +  T(I-  zPi)~lP,H] 

-  Yo z+l  rPirlP.Hz/+1;  (33) 

i-i 

where  P,  and  P r  are  matrices  defined  in  eqs.  (34)  and  (35)  in  the  proof,  H  is  the  column 
vector  with  M  +  1  elements  all  equal  to  one,  I  is  the  M  X  M  identity  matrix,  T  = 
(yi.  •  •  • .  Ym)  is  a  row  vector  determined  by  eq.  (39)  in  the  proof  for  the  DFT  protocol 
and  eq.  (44)  for  the  I  FT  protocol,  and  yo  is  given  by  eq.  (43). 


Proof.  The  general  approach  used  to  derive  the  distribution  of  packet  delay  is 
similar  to  that  used  for  the  distribution  of  interdeparture  times.  It  consists  of  first 
deriving  the  delay  distribution  for  a  tagged  user  conditioned  on  the  number  of 
backlogged  users  among  which  it  finds  itself  and  then  removing  the  condition. 

Let  n(t)  *  i  ft  0,  and  let  D*(z)  denote  the  z-transform  of  the  distribution  of  delay 
(counted  as  of  the  end  of  slot  t)  of  a  tagged  user  in  the  backlog  of  size  i.  Let  D*(z)  be 
the  column  vector  of  dimension  M  such  that  the  ith  element,  l  <  i  <  M,  is  precisely 
D* (z).  We  now  derive  D*(z).  Consider  a  tagged  user  in  the  backlog  n(t)  =  /'. 
For  i  »  1,  2, ....  M  and  j  »  0,  1, . . . ,  M,  define  p{‘]  and  p[j  *  as 

p{‘]  4  Pr{n(/  +  1)  “  j,  tagged  user  successful  in  /  +  I  |n(r)  *=  i}, 
p !*’  4  Pr (n(t  +  1)  *  j,  tagged  user  unsuccessful  in  /  +  1  \n(t)  -  /}. 
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They  are  given  by 
DFT  protocol: 


I  FT  protocol: 


‘Pv  ~  Pa  >■, 


Pa 


_<*> 

Pa 


1  _<<o 
j  Pa- 1 

0 


Pa  ~  Pa'- 


if  j  *  i  -  1, 
otherwise, 


(34a) 

(35a) 


(34b) 

(35b) 


If  the  tagged  user  is  successful  in  slot  t  +  1,  then  its  delay  is  exactly  one  slot.  If  the 
tagged  user  is  unsuccessful  in  slot  t  +  1  and  finds  itself  in  a  backlog  of  size  j,  then  its 
delay  distribution  has  a  /-transform  given  by  zD*{z).  Thus  we  have 

M  M 

Dt(z)  =  l  zp(’'  +  l  pfzDj{z).  (36) 

y-i-i 

/*> 

Let  P,  denote  the  M  x  (M  +  1)  matrix  with  elements/*  J*’,  l  s  i  S  M,  0  S  /  S  M,  and 
let  P  i  denote  the  M  x  M  matrix  with  elements  p\‘ 1 ,  1  £  i£  M,  \  <  j  S  M.  Writing 
eq.  (36)  in  matrix  form,  one  can  easily  deduce 

ao 

D*(z)  =  /(I  -  zP.-T'P.H  =  l  Pr  ‘P.H2'  (37) 

/-* 


To  complete  the  proof,  we  now  need  to  derive  the  distribution  of  the  backlog  as  seen 
by  an  arbitrary  newly  generated  packet.  Let »,/  *  1, 2, ....  M,  denote  the  probability 
that  an  arbitrary  packet  finds  itself  in  the  system  upon  arrival  in  a  group  of  j 
backlogged  users.  For  the  IFT  protocol  we  also  let  yo  denote  the  probability  that 
an  arriving  packet  is  successful  in  its  fust  transmission,  in  which  case  its  delay  is  just 
one  slot. 

Consider  first  the  DFT  protocol.  Given  that «(/)  —  /,  the  number  of  arrivals  which 
find  themselves  in  a  backlog  of  size  j,  j  >  i,  is  j  —  i  +  1  with  probability  p(*\  and 
j  -  i  with  probability  p{*\  Since  y >  is  the  fraction  of  arrivals  which  find  themselves 
in  a  backlog  of  size  j ,  we  can  write 

Y,  -  K  £  *i(J  -  i  +  1  )pf  +  (j  -  i)pfl  (38) 

where  K  is  a  constant,  such  that  £>i  y,  -  1.  Therefore  we  have 


1  )pf  +  U-i)pV'] 

If-!  I/-o  -  i  +  1  ,pf  -  (j  -  i)pf] 


1  M. 


(39) 


Let  T  -  (yi,  ys, . . . ,  y«).  The  generating  i  auction  D*(z)  is  then  simply  expressed  as 

D*(z)  -  rD*(z),  (40) 


where  D*(z)  is  as  given  in  eq.  (37),  hence  eq.  (32). 

Consider  now  the  IFT  protocol.  Given  that  n(t)  j,  then  with  probability  pjf’ 
there  is  one  packet  which  is  successful  upon  its  arrival,  and  with  probability 
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p{?'  there  are  j  -  i  arrivals  which  find  themselves  in  a  backlog  of  size  j,j  >  i  +  1.  By 
the  same  argument  as  above,  we  can  write 

ro  “  K  2  *'Pu\  (41) 

»— 0 

yj  -  k'z  n,{j  -  i)pf,  ;>  1.  (42) 

i->0 


One  may  easily  verify  that  for  the  IFT  protocol,  yi  -  0,  as  one  expects.  Calculating 
K  by  setting  £&>  yj  “  1.  we  get 


_ ntpf _ 

E&1  **»'  +  Yj-2  LC,1  *.<y  -  i)pf 

_ ££  ff.<;  -  Op  r _ 

*.<y  -  Op?’ 


1  <  ;<  M. 


(43) 

(44) 


The  /-transform  £>*(/)  for  the  IFT  protocol  is  finally  expressed  as 

D*(z)  «  yoz  +  rzD*(z),  (45) 


hence  eq.  (33).  Q.E.D. 

As  with  the  interdeparture  time  analysis,  simple  closed- form  expressions  can  be 
derived  for  all  moments  of  D.  Let  D(m)  **  dmD*(z)/dz  |,_i;  we  have 

Corollary  2.2.  For  the  D FT  protocols,  D<ml  is  given  by 

D{m>  -  mir[(I  -  P,T1PJ3m-1(I  -  P|)-1H,  m>  1,  (46) 

and  for  the  IFT  protocol,  D{m)  is  given  by 

n<">  _  ( 1  +  r(!  -  PiT‘H,  m  -  1, 

U  lm!r[(I  -  Pi)",Pi5m_2[I  +  (I  -  P|)_,P»J(I  -  Pi)_IH,  m>l.  (47) 

The  proof  is  identical  to  that  for  the  interdeparture  time. 


3.  Carrier  Sense  Multiple  Access 

3.1.  The  Model.  Although  the  operation  of  CSMA  does  not  require  the  devices 
to  be  time  synchronized,  it  is  assumed  here,  for  simplicity  in  analysis,  that  the  channel 
time  axis  is  slotted  with  the  slot  size  equal  to  rs,  the  maximum  propagation  delay 
between  all  pairs  of  users,2  and  that  all  users  are  synchronized  and  begin  transmission 
only  at  slot  boundaries.  The  CSMA  scheme  under  consideration  here  consists  of  the 
following.  A  user  with  a  packet  ready  for  transmission  (i.e.,  with  a  packet  which  has 
just  been  generated  or  has  been  rescheduled  for  transmission  at  that  -instant)  senses 
the  channel  and  (i)  if  the  channel  is  idle,  starts  transmitting  the  packet  at  the 
beginning  of  the  next  slot,  and  (ii)  if  the  channel  is  busy,  reschedules  the  transmission 
of  the  packet  to  some  random  time  in  the  future. 

We  consider  a  finite  population  of  M  users,  all  in  line  of  sight  and  within  range  of 
each  other,  such  that  each  user  can  be  in  one  or  two  states:  backlogged  or  thinking. 
In  the  thinking  state,  a  user  generates  a  new  packet  (and  starts  transmitting  the 

*  Note  the  difference  between  the  definition  of  a  slot  in  slotted  ALOHA  (which  corresponds  to  the 
transmission  time  of  a  packet)  and  the  definition  of  a  slot  in  CSMA  (which  corresponds  to  the  maximum 
propagation  delay  between  users). 
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packet,  if  the  channel  is  sensed  idle)  in  a  slot  with  probability  o.  A  user  is  said  to  be 
backlogged  if  it  has  a  packet  in  transmission  or  awaiting  transmission.  It  remains  in 
that  state  until  it  completes  successful  transmission  of  the  packet,  at  which  time  it 
switches  to  the  thinking  state.  Thus  a  user  in  the  backlogged  state  cannot  generate  a 
new  packet  for  transmission.  The  rescheduling  delay  of  a  backlogged  packet  is 
assumed  to  be  geometrically  distributed,  that  is,  each  backlogged  user  is  scheduled 
to  resense  the  channel  in  the  current  slot  with  probability  v,  as  specified  by  the 
protocol,  a  retransmission  would  result  only  if  the  channel  is  sensed  idle.  In  this 
model  it  is  assumed  that  all  packets  are  of  a  fixed  size  equal  to  T  slots,  with  T  >  1. 
In  some  implementation  of  CSMA,  such  as  in  local  networks  of  the  ETHERNET 
type  [6],  it  is  possible  for  users  to  detect  collisions  when  they  occur  and  abort  the 
colliding  transmissions.  In  such  a  case  it  is  assumed  that  it  takes  Tc  slots  to  perform 
the  detection  and  abortion  procedure,  where  Tc  <  T.  If  the  collision  detection  feature 
is  not  in  effect,  then  it  is  assumed  that  a  user  learns  about  its  success  or  failure 
instantaneously  at  the  end  of  its  transmission. 

3.2.  Average  Stationary  Performance  [10,  11],  Let  n(t)  denote  the  number 
of  backlogged  users  at  the  beginning  of  slot  t.  We  observe  on  the  time  axis  an 
alternate  sequence  of  idle  and  busy  periods  as  shown  in  Figure  1.  We  follow  the 
approach  used  in  [10,  11]  and  consider  the  imbedded  Markov  chain  identified  by  the 
first  slot  of  each  idle  period.  Using  properties  of  regenerative  processes,  we  derive  the 
average  channel  performance. 

Let  t{tr)  and  t,r*"  be  two  consecutive  imbedded  slots;  the  period  of  time  between 
t and  t,*l)  is  called  a  cycle.  Let  P  denote  the  transition  probability  matrix  between 
t{tr '  and  that  is,  the  (/, y )th  element  of  P  is  defined  as 

PH  4  Pr ln«ru)  «  j\ n(tlr))  - /},  0  S  i,  j  <  M.  (48) 

We  let  TP  denote  the  length  of  the  transmission  period.  If  the  transmission  of  the 
message  is  successfuL  then  TP  «  T  +  I,  where  the  additional  slot  accounts  for  the 
propagation  delay,  since  it  is  only  one  slot  after  the  end  of  transmission  that  the 
channel  will  be  sensed  idle  by  all  users.  If  the  transmission  of  the  message  is 
unsuccessful,  then  TP  —  Tc  +  1,  where  Tc  S.  T  is  the  time  to  detect  the  collision  and 
abort  all  transmissions  if  the  collision  detection  feature  is  in  effect,  and  Tc  ■*  T 
otherwise.  n(rjrl)  remains  invariant  over  the  entire  idle  period  /  (since  according  to 
the  CSMA  procedure,  a  new  arrival  sensing  the  channel  idle  would  transmit  with 
probability  one).  See  Figure  1.  Thus  for  t  E  fjr|  +  /  -  1],  n(t)  -  Let  R 
denote  the  transition  matrix  between  slot  t,r)  +  1—1  and  tlr>  +  /.  Since  the  success 
or  failure  of  the  transmission  is  a  function  of  the  number  of  users  becoming  ready  in 
slot  f  Jr\  we  write  R  as  R  -  S  +  F,  where  the  (i,  fc)th  elements  of  S  and  F  are  defined 
and  expressed  as 

SiA  4  Pr{«(/ir|  +  /)  -  k  and  transmission  is  successful | n(il,r>  + 1  -  1)  -  i} 


(1  -  a)*-[h>(l  -  »)-'j 
I  -  (1  -  f)j(1  -  ’ 

(Af  -  i)<y(  1  -  1  -  f)‘ 

1  -  (1  -  f)‘(1  -  of-  ' 


k  <  i, 

k  -  i, 
k  -  i  +  1, 


(49) 


0, 


k  >  i  +  1; 
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f*  4  Pr{n(fir)  +  /)  =*  k  and  transmission  is  unsuccessful  |  n(t(er)  +  /  -  1)  =  /} 
0,  k  <  i, 

(1  -  o)*-[l  -  (1  -  v)‘  -  «V(1  -  *r*] 


1  -  (1  -  «0‘(1  -  aj^‘ 

(M  —  J>(1  -  c)"_,'_1[l  -  (1  -  v)‘] 

1  -  (l  -  p)\\  -  of'1  ’ 

(* ;/)  a  - 

1  -  (1  -  r)T(l  -  a)"'*’ 


k  -  /, 

k  ■»  i  +  1, 

k>  i  +  l. 


(50) 


During  the  transmission  period,  all  new  arrivals  join  the  backlog.  Thus  for  any  t  E 
[fir>  +  /  +  1,  t,'  +  /  +  TP],  we  let  Q  denote  the  one-step  tiunsition  matrix,  for  which 
the  (/,  /c)th  element  is  defined  as  q u,  4  Pr{n(/)  *  k\n(t  —  1)  *  i}  and  expressed  as 


0, 


(";/)c -rv-. 


k  < 
k  >  i. 


(51) 


Finally,  to  represent  the  fact  that  a  successful  transmission  decreases  the  backlog  by 
1,  we  introduce  matrix  J  such  that  its  (/',  fc)th  element  is  given  by 


j* 


k  -  I  -  l, 
otherwise. 


The  transition  matrix  P  is  then  expressed  as 

P  -  SQr*‘J  +  FQt<". 


(52) 


(53) 


Let  II  ”  (wo,  iru  ... ,  ttm)  denote  the  stationary  probability  distribution  of  n(t<,r>).  II 
is  obtained  by  the  recursive  solution  of  II  -  IIP. 
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Since  n(tlf)  is  a  regenerative  process,  the  average  stationary  channel  throughput 
is  computed  as  the  ratio  of  the  time  the  channel  is  carrying  successful  transmission 
during  a  cycle  averaged  over  all  cycles  to  the  average  cycle  length.  Therefore  we 
have 


_ IfioViPAOT _ 

£JWl/(l  ~  Si)  +  1  +  P^f)T+(\  -  Pfif)Tt\ 


(54) 


where  P,{i)  is  the  probability  of  a  successful  transmission  during  a  cycle  with 
n(t ir’)  =  i  and  is  given  by 

(M  -  0<r(l  -  ct)""‘“1(1  -  v)‘  +  »K1  “  •')“'( >  “  a)"-' 


P.0) 


(55) 


1  -  (1  -  f)‘(1  -  of 

and  where  (1  -  S,)~‘,  with  5.  =  (1  -  v)\\  -  a)M~\  is  the  average  idle  period  given 
n(t(er))  =  i. 

Similarly,  the  average  channel  backlog  is  computed  as  the  ratio  of  the  expected 
sum  of  backlogs  over  all  slots  in  a  cycle  (averaged  over  all  cycles)  to  the  average 
cycle  length.  Therefore  we  have 

£*017,07(1  -  5.)  +  A(i)) 


n  ~ 


2"oir.[l/(l  -  5.)  +  1  +  P^i)T+(\  -  P.(i))TcY 


(56) 


where  A(i)  is  the  expected  sum  of  backlogs  over  all  slots  in  the  busy  period  with 
n(tf)  =  i  and  is  given  by3 

T  M  T  M 

A(i)  =  2  I  y[SQ%  +  2  2  j[FQl]‘j 

/-o  /-« 


2  j 


l  — 0  >-i 

SXQ'+FEQ' 


/- 0 


1-0 


(57) 


By  Little’s  result  [5],  the  average  packet  delay  (normalized  to  T )  is  simply  expressed 
as 


D 


(58) 


3.3.  Interdeparture  Time  Distribution 

Theorem  3.1.  The  generating  function  for  the  interdeparture  time  distribution  in 
CSMA  is  given  by 

ID* (2)  *  A[I  -  P}(2)]-lPS(z)H,  (59) 

where 

(i)  A  is  solution  of  A  —  A[I  —  FQr,+1]-1SQr+1J; 

(«)  PS  (2)  and  P 5(z)  are  matrices  such  that  their  (i,  j)th  elements  are  defined  as 


[P3(*)]„  -  [SQ^J],; 

(60) 

[PJ(*)]v  -  [FQ^1],, (1 

(61) 

Si  *  (1  -  p)'(1  - 

(62) 

(iii)  H  is  a  column  vector  with  all  elements  equal  to  one. 

1  Recall  that  for  an  arbitrary  matrix  B  we  adopt  the  notation  (B)„  to  represent  the  (i,  j) th  element  of  B. 
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Proof.  The  proof  is  similar  to  that  given  in  Section  2  for  slotted  ALOHA. 
Consider  an  imbedded  slot  t(er)  such  that  n(tlr>)  =  i.  Let  IDf(z)  denote  the  generating 
function  of  the  distribution  of  time  until  completion  of  the  first  successful  transmission 
following  ttr).  Let  I*(z)  denote  the  generating  function  of  the  distribution  of  the  idle 
period.  Since  the  latter  is  geometrically  distributed  with  mean  1/(1  -  5,),  where 
Si  -  (1  -  *0‘(1  -  17(2)  is  given  by 


IT(z) 


(1  ~  S,)z 

1  —  SiZ 


(63) 


lD*(z)  is  just  I7(z)zT*'  if  the  first  transmission  is  successful,  and  /*(z)zr'+1ID*(z)  if 
the  first  transmission  is  unsuccessful  and  n(t(/+l>)  =  j.  Thus,  letting  p1**  A 
[SQr+1J],>  A  [P«]„  and  pf  A  [FQn"1],y  A  [Pj ]„,  we  have 


ID?(z)=  X  [pfl7(z)zT"  +  pfl7(z)zT'+'\Wj(z)].  (64) 

Let  ID*(z)  denote  the  column  vector  (ID*(z),  ....  IDJf(z))T  (the  superscript  T 
representing  the  transpose  operation);  let  P*(z)  and  P|(z)  be  as  defined  in  eqs.  (60) 
and  (61);  we  can  rewrite  eq.  (63)  in  matrix  notation  as 

ID*(z)  =  P3(z)H  +  P*(z)ID*(z)  (65) 


or 

ID*(z)  =  [I  -  PKz)]-‘P3WH.  (66) 


To  obtain  ID*(z),  we  need  to  remove  the  condition  on  n(tY').  Let  . . .  td\  tj*l\  . . . 
denote  the  sequence  of  imbedded  points  immediately  following  a  successful  trans¬ 
mission.  The  process  (n(r),  t  €(...,  td\  td*l\  . . .)}  is  an  imbedded  Markov  chain 
with  transition  probabilities  given  by 

PrWtr1’  -j\n{t?)  =  /)  =  |  [P^-P.Jv 

=  [(I  -  P^-Prfj.y.  (67) 

The  stationary  distribution  of  n(td]),  A  =  (do,  du  ....  d^),  is  the  solution  of  A  * 
A(I  -  Pj)~lP<*.  We  finally  have  ID*(z)  -  AID*(z),  hence  eq.  (59).  Q.E.D. 

A  simple  recursive  procedure  exists  for  the  computation  of  the  mth  moment  of  ID. 
Let  ID<m)  A  dm\D*(z)/dzmY~\  ID*<m,(z)  A  dmm*(z)/dzm,  P S[m\z)  A  dmP*d(z)!dzm 
and  Pj(m,(z)  A  dmP$(z)/dzm.  (We  use  the  convention  that  the  derivative  of  a  vector 
or  matrix  is  the  vector  or  matrix  whose  elements  are  derivatives  of  the  corresponding 
elements  in  the  original  vector  or  matrix.) 

Corollary  3.1.  IDfml  is  given  by 


IDim)  -  A.ID*,ml(l), 

where  ID*<ml(l)  is  recursively  determined  by 


ID*,ml(l) 


(I  -  Pi)'1 


p;(m\i)-H  +  pr'-’w-H 


+  Y  (™)pAI)-ID*'m"*’(1) 


(68) 


(69) 


920 


FOUAD  A.  TOBAGI 


Proof.  It  can  be  easily  proved  by  induction  that  differentiating  eq.  (65)  m  times 
leads  to  the  relation, 

ID“m,(z)  -  P3‘m,(z)H  +  ^Pfwro-V  (70) 

Letting  z  -  1  and  observing  that  ID*(1)  -  H  and  P$(l)  “  Pj,  we  get  eq. 
(69).  Q.E.D. 

The  average  interdeparture  time,  in  particular,  is  given  by 

IDU>  -  A(I  -  Pj)-‘[Prf*(,,(l)  +  PJIU(1)]H,  (71) 

where  [P *(1>( I)  +  Plm(l)]H  is  a  column  vector  whose  ith  element  is  simply 
r4+  Z  [p“\T+l)+p\f\Te+l)]. 

1  —  Oi  >-«-! 

The  variance  of  ID  is  given  by 

Var[ID]  -  A(I  -  Pj)‘l[[P3<2,(l)  +  P3<2,(1)]H  +  2P3n,(l)ID*(1'(l)] 

+  ID<1)  -  [ID(U]2.  (72) 

3.4.  Distribution  of  Packet  Delay.  Consider  an  imbedded  slot  t[,r)  such  that 
n(tlf)  —  i.  Consider  a  tagged  user  in  the  backlog  of  size  i,  and  let  Z)f(z)  denote  the 
z-transform  of  the  distribution  of  delay  (counted  starting  from  t(,r>)  until  the  tagged 
user  is  successful.  Let  D*(z)  be  the  column  vector  (D*(z),  ....  Dfa(z))r. 

Theorem  3.2.  D*(z)  is  given  by 

D*(z)  -  [I  -  P?(z)]-lP?(z)fL  (73) 

where  H  is  the  column  vector  with  M  +  1  elements  all  equal  to  one,  I  is  the  AT  X  M 
identity  matrix,  and  PJ(z)  and  P?(z)  are  matrices  of  size  M  X  {M  +  1)  and  M  X  M, 
respectively,  with  their  ( i,j)th  elements  defined  as 


[P ?(*)]<>  -  [S.Qr't~lJ]</  - 1 

[PKz)h  «  [S.~Qr>1J3v  (1 

1  £i£M, 

0< j£  M, 

(74) 

1  <  A/, 

1  <  M, 

(75) 

[S.].*  -  - 

-  [S],„ 

k  -  i. 

t 

(76) 

.0. 

l<i<3f, 

0  <  it  <  M,  k^i. 

[Sr].*  -  [S]*  -  [S.U, 

l<i<W, 

0  <isW. 

(77) 

Proof.  The  proof  is  similar  to  that  given  in  Theorem  3. 1  for  I D*(z).  Noting  that 
[S,]i*  «■  Pr{n(fir!  +  /)  *■  k  and  tagged  user  successful! n(fir))  -  /}, 
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we  have 

Df(z)  -  l  [S,Qr+1J]y 


"  (1  —  Si)zT*2 


+ 

J*0 


M 

1 

j-i- 1  L 


[SrQT+1J]v 


1  -  Sn 
(l  -  Si)zT*2 


1  —  SiZ 


D*(z),  (78) 


hence  eq.  (73).  Q.E.D. 

Theorem  3.3.  The  distribution  of  delay  in  CSMA  is  given  by 

D*(z)  =  YoT+1,*r+1  +  l  z'r^D'iz),  (79) 

/- 0 


where  yi0T+l)  and  TU)  A  (■//',  yf . y.w),  0  <  /  <  T,  are  defined  in  eq.  (87)  in  the 

proof. 

Proof.  To  complete  the  delay  calculation,  we  need  to  compute  yuf ,  the  proba¬ 
bility  that  an  arbitrary  new  packet  arrives  in  a  slot  which  is  l  slots  away  from  the  next 
imbedded  slot  and  finds  itself  at  the  beginning  of  this  imbedded  slot  in  a  backlog  of 
size y;  indeed,  its  delay  is  then  z'Dj(z).  We  use  the  index  j  —  0  to  represent  the  case 
where  the  arriving  packet  starts  its  successful  transmission  upon  its  arrival;  clearly, 
in  this  case  the  arrival  must  have  taken  place  in  slot  tf  +  I  -  1,  /  must  equal  T+  1, 
and  its  delay  is  given  by  zr+l.  We  also  note  the  following.  Given  that  a  user  has 
generated  a  packet  in  a  transmission  period  of  size  TP,  then  the  generating  function 
of  the  time  since  the  generation  of  the  packet  until  the  next  imbedded  slot  is  given  by 


TP 


auz)  4  £  «rv 

/-o 


™  0(1  -  °)TP■'■, 


(80) 


From  the  point  of  view  of  delay  we  distinguish  four  types  of  packet  arrivals. 

Type  1.  packets  which  arrive  in  slot  tf  +  I  -  1  and  are  successful  in  their  first 
transmission;  the  distribution  of  delay  is  simply 

dZlH(z)  -  zT+1.  (81) 

Type  2.  packets  which  arrive  during  a  successful  transmission  period  and  find 
themselves  at  the  end  of  the  transmission  period  in  a  backlog  of  size  j\  the 
distribution  of  their  delay  is 

djin(t)  m  At*i(z)D*(z).  (82) 

Type  3.  packets  which  arrive  in  slot  tf  +  1-1,  are  not  successful  in  their  first 
transmission,  and  find  themselves  at  the  end  of  the  transmission  period  in 
backlog  of  size  j;  the  distribution  of  delay  is  given  by 

df3)(z)  -  zt'+xDJ{z).  (83) 

Type  4.  packets  which  arrive  during  an  unsuccessful  transmission  period  and  find 
themselves  at  the  end  of  the  transmission  period  in  a  backlog  of  size  j\  the 
distribution  of  delay  is  given  by 

df*\z)  -  A\^{z)D;{z).  (84) 


Given  that  n(tf)  ■  i,  then  with  probability  [SJi.,+itQr+lJ]i+i.y,  isys  M,  there  are 
one  arrival  of  type  1  and  j  -  i  arrivals  of  type  2;  with  probability  [S]u[Qr+1J],.,, 
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i—  1  <  j  <  M,  there  are  j  +  1  —  i  arrivals  of  type  2;  and  with  probability 
[F]«a  [Qn+l]*,/,  i  Sj  £  M,  there  are  k  -  i  arrivals  of  type  3  and  j—k  arrivals  of  type 
4.  Given  0  s  j  s  M  and  I  <  m  S  4,  we  let  denote  the  probability  that  an 
arbitrary  arrival  is  of  type  m  and  finds  itself  in  a  backlog  of  size  j  (clearly  for  m  -  1 
we  h  /e y  ■  0,  and  for  m  >  l,j  **  0).  £‘m'  is  also  the  fraction  of  such  packet  arrivals, 
and  therefore  we  have 


(m) 


' 0 , 

M-l 

m  *  1, 

y*o. 

i-0 

^4(;-0[SWQwJk 

m  **  1, 

y-o, 

X— 0 

(85) 

+  0*  +  1  -  0[S]M[Qr+lJ]«,y}. 

m  =  2, 

1  <  j  S  A/, 

K  2  i  iTi(k  -  /)[ F]u[QTc*%, 

i— 0  ik—i 

/  y 

m  =  3, 

l  <  y  <  A/, 

k  i-0  A-i 

m  •=  4, 

\  Sj S  M, 

normalizing  constant  such  that  i”*  +  £1,-2 

rAf  £<m) 

2-y-iw 

—  1 .  As  a  result,  we 

have 


D\z)  -  {,V'W  +  11  tTd?m\z). 

m-2 y— 1 


(86) 


From  eqs.  (80)-(86),  we  easily  deduce  eq.  (79),  where 

fo, 

U-i 

K  l  ff,[S]w+1> 


i-0 


y«  o,  i+t+  l, 
y«o,  /  =  r+  i,  (87) 


:2  4a'? 

i-0  l 


r>®  -  < 


+  a}r+l,(y  +  1  -  f)[S]w[Qr+lJ]i.y 

+  1  -  k)[F]i.*[Qr'+l]*.y|, 

*-<  J 

K  Z  iri|a/r+l)(y  —  0[S]m+i[QT+1J]«+i.> 

.-o  ( 


l  Sj  S  M, 

Os  l  STC, 


(87) 


+  a\™(j+i-  1)[S]m[Qt+,JJ,> 

j 


+  l(k-  0[F]*>[Qn+I]*.y|. 

*-  J 

K  Z  **{  <*?*'{  j  -  0[S]u+i[QT+,J]i+i.y 

i—O  [ 

+  «ru(y+  1  -  0[S].,[Qr+,J],,  j. 


l  SjsM, 
l  =  Tc  +  l. 


i  <  y  <  a/, 

Tc  +  2  S  I  S  T. 


Q.E.D. 


As  with  interdeparture  times,  a  simple  recursive  procedure  exists  for  the  com¬ 
putation  of  all  moments  of  the  delay.  Let  Dim}  4  dmD*{z)/dzm\t-\,  D*tm\z)  4 
dmU*(z)/dzM,  P :<m,(z)  4  dmPJ(z)/dzw,  and  P?<m'(z)  4  dmPt(z)/dzm. 
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Corollary  3.2.  Dim)  is  given  by 

D(m> 


(t+  i)>  (7v>, .  $  r-sf- 

( T+  1  -m)\  Yo 


M_A_ 


(1) 


(88) 


where  D*l“’(l)  is  recursively  determined  by 

D*(m'(l)  -  [I  -  P?(l)]~,[p?(m)(l)H  +  P?(m,(l)H 


P?<*,(l)D*<'n_*’(l) 


(89) 


Proof.  By  successive  differentiations  of  eqs.  (78)  and  (79),  and  letting  z  *  1,  we 
can  easily  establish  eqs.  (88)  and  (89).  Q.E.D. 


4.  Simple  Numerical  Examples 

We  illustrate  the  analytic  results  obtained  in  this  paper  by  considering  some  simple 
numerical  examples.  To  keep  this  task  simple,  we  restrict  ourselves  to  the  slotted 
ALOHA  case. 

With  M  —  2  it  is  possible  to  reach  closed-form  solutions.  Let,  for  example,  p  « 
A  “  0.5.  The  analysis  of  average  performance  leads  to  S  *  «  =  ff,  and  5  =  ^  for 

DFT,  and  S  *»  0.5,  h  ■=  1,  and  D  ==  3  for  IFT.  The  calculation  of  packet  delay 
distribution  leads  to  the  following: 


DFT  protocol : 

r 

Dfr) 

Dt(z) 

D\z) 


1  3 

_4’4J’ 

0.52(1  -  0.5z) 

1  -  0.8752  +  0.1252*’ 

0.25  2 

1  -  0.8752  +  0.12522’ 

(1.25/4)2(1  -  0.2 2) 

1  -0.8752  +  0.1 252 2 

0.31252  +  0.210937522  +  0.145507823 

+  0.10095212s  +  0.07014452s  +  0.049557328  +  •  •  • . 


IFT  protocol: 


Yo*v 


2’ 

Dt(z)  -  Z)!(2) 


(4 

0.25  2 


1  -  0.75 z 
,  1  1  0.252 

-i2  +  i[0.252J+  .. 


+  0.25(0.75)'”  V  +  •••] 


The  probability  mass  functions  for  these  examples  are  shown  in  Figure  2.  One  can 
easily  verify  for  both  cases  that  D  -  Da>  and  ID11’  -  1/S.  For  larger  values  of  M  the 
calculation  of  interdeparture  time  and  packet  delay  distributions  requires  the  use  of 
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Fig.  2  Pr(Z>  —  k  slot*}  versus  k  for 
slotted  ALOHA  ( -  0.5). 
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Fio.  3.  Picket  deliy  distribution  for  slotted  ALOHA  (Af  -  10 
\  -  0.05,  p  -  0.05  tnd  0.5). 
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Ft o.  4.  Packet  delay  distribution  for  slotted  ALOHA  (M  »  10, 
X  m  0.5,  p  «  0.05  and  0.5). 


a  computer.  We  show  in  Figures  3  and  4  some  numerical  results  obtained  for 
M  -  10  and  various  values  of  X  and  p. 

5.  Conclusion 

We  have  derived  in  this  paper  the  distribution  of  packet  delay  and  interdeparture 
time  for  slotted  ALOHA  and  CSMA  channels  with  a  finite  population  of  interactive 
users.  In  slotted  ALOHA  it  is  interesting  to  note  the  “geometric”  form  that  these 
distributions  have,  namely,  SPjfl(P  -  Pj)H  and  rPr_1(P  -  Pr)H,  and  the  special 
form  that  successive  derivatives  of  their  generating  functions  have,  a  form  which  is 
similar  to  that  encountered  in  geometric  distributions.  Simple  closed-form  expressions 
for  their  moments  have  been  obtained. 

For  CSMA  we  have  derived  simple  recursive  procedures  to  compute  all  moments 
of  packet  delay  and  interdeparture  time  and  closed-form  expressions  for  their 
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generating  functions.  Contrary  to  their  counterpart  in  slotted  ALOHA,  the  generating 
functions  derived  for  CSMA  may  not  prove  very  practical  in  the  numerical  compu¬ 
tation  of  the  distributions.  Indeed,  they  require  symbolic  inversion  of  matrices  whose 
elements  are  themselves  z-transforms.  However,  a  numerical  procedure  which  allows 
us  to  compute  approximations  to  the  distributions  can  be  devised  as  follows.  Consider 
for  example  the  case  of  interdeparture  time.  It  is  easily  realized  that 

ID*(z)  -  1  IDUz),  (90) 

<N-1 

where 

ID*«)(z)  4  (ID  &(m>(z),  ....  ID  V ,m>(z)),  (91) 

IDUz)  -  P^)IDr»_1)(z),  for  m>2,  (92) 

ID *>(z)  -  P3(z)H.  (93) 

Equations  (92)  and  (93)  are  equivalent  to 

ID!!«i,(z)  -  l  [P<f]„(l  -  6.)zr+J[l  +  SiZ  +  Sh2  +  •••],  (94) 

j-i-i 

and  for  m>2, 

ID;lm)(z)  -  1  [Pjl.Xt  -  5i)zTf+2[l  +  6,z  +  Sh2  +  ••  •]ID‘,m_1)(z).  (95) 

>-i- 1 

Thus  by  successive  polynomial  multiplications  and  additions  one  can  generate 
numerically  an  approximation  of  the  distribution  of  ID,  the  accuracy  of  which  is  a 
function  of  the  position  at  which  the  infinite  series  are  truncated  and  of  the  maximum 
value  given  to  m.  A  similar  procedure  can  be  devised  for  the  distribution  of  delay. 

It  is  interesting  to  note  that  the  approach  used  in  this  paper  is  applicable  to  a  more 
general  class  of  models,  namely,  discrete-time  queuing  systems  with  finite  queue  size 
and  state-dependent  arrival  and  departure  processes.  The  analysis  presented  here 
corresponds  to  the  random-order  service  discipline,  but  can  be  simply  extended  to 
the  first -come-first-served  discipline  as  well.  The  finite-queue-size  restriction  can  be 
relaxed,  but  in  that  case  the  conditions  for  ergodicity  will  have  to  be  established. 
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ABSTRACT 

We  consider  in  this  paper  local  networks  of 
the  CSMA-CD  broadcast  bus  type,  exemplified  by 
ETHERNET,  and  investigate  their  performance  when 
supporting  voice  communication.  For  such  real¬ 
time  application,  we  define  network  performance 
as  the  maximum  number  of  voice  sources  accom¬ 
modated  for  a  given  maximum  delay  requirement 
and  a  tolerable  packet  loss  rate.  We  study  the 
effect  on  this  performance  of  various  system 
parameters  such  as  channel  bandwidth,  vocoder 
rate,  delay  requirement  and  packet  loss  rate. 

I.  INTRODUCTION 

A  great  deal  of  discussion  can  be  seen  in 
the  recent  literature  regarding  local  networks 
and  their  applicability  to  many  of  today's  local 
area  communications  needs.  These  needs  have 
primarily  consisted  of  data  communication  appli¬ 
cations  such  as  computer-to-computer  data  traffic, 
termlnal-to-computer  data  traffic,  and  the  like. 
More  recently,  a  new  line  of  thought  has  been 
apparent.  It  is  the  desire  to  Integrate  voice 
communication  on  local  data  networks.  The  reason 
for  this  is  threefold:  (i)  voice  is  an  office 
communication  application  just  as  computer  data, 
facsimile,  etc.;  (ii)  recent  advances  in  vocoder 
technology  have  shown  that  digitized  speech 
constitutes  a  digital  communication  application 
which  is  within  the  capabilities  of  local  area 
data  networks;  and  (ill)  today’s  local  network 
architectures,  especially  the  broadcast  bus  type, 
offer  very  elegant  solutions  to  the  local  commu¬ 
nications  problem,  from  both  the  point  of  view 
of  simplicity  in  topology  and  device  inter¬ 
connection,  and  the  point  of  view  of  flexibility 
in  satisfying  growth  and  variability  in  the 
environment . 

While  existing  solutions  are  elegant,  they 
are  not  without  their  limitations  in  performance. 
Some  of  these  limitations  arise  as  the  character¬ 
istics  of  the  environment  and  data  traffic  re¬ 
quirements  being  supported  by  these  solutions 
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deviate  from  those  assumed  in  the  original 
design.  Examples  of  such  characteristics  are: 
packet  length  distribution,  packet  generation 
pattern,  channel  data  rate,  delay  requirements, 
geographical  area  to  be  spanned,  etc. 

In  this  paper  we  consider  local  networks  of 
the  broadcast  bus  type,  exemplified  by  Ethernet 
[1],  and  investigate  the  performance  of  such 
systems  when  supporting  voice  communication.  In 
particular  we  study  the  effect  on  performance  of 
various  system  parameters,  such  as  channel  band¬ 
width,  vocoder  rate,  delay  requirement,  allowable 
packet  loss  rate,  etc....  For  comparison  pur¬ 
poses,  we  also  consider  an  ideal  conflict-free 
TDMA  case  which  is  undoubtedly  the  most  suitable 
for  voice  traffic  exhibiting  a  deterministic 
generation  process,  and  thus  provides  the  ulti¬ 
mate  performance  one  can  achieve. 

We  begin  by  describing,  in  Section  II,  the 
network  in  question;  namely,  the  broadcast  bus 
system  architecture,  and  the  Carrier  Sense 
Multiple  Access  scheme  used.  In  Section  III, 
we  discuss  the  main  characteristics  of  voice 
traffic  and  its  requirements.  Finally,  in 
Section  IV,  we  present  and  discuss  numerical 
results  obtained  from  a  simulation  of  this  system 
supporting  voice  communication. 


II.  BROADCAST  BUS  SYSTEMS  AND  THE  CARRIER  SENSE 
MULTIPLE  ACCESS  SCHEME 

In  a  broadcast  bus  network,  all  devices 
share  a  single  communication  medium,  typically  a 
coaxial  cable,  to  which  they  are  connected  via 
passive  taps.  When  transmitted  by  a  device, 
signals  propagate  in  both  directions,  thus  reach¬ 
ing  all  other  devices.  The  device  Interface  is 
such  that  it  recognizes  and  accepts  messages 
addressed  to  it. 

The  difficulty  in  controlling  access  to  the 
channel  by  users  who  can  onlv  communicate  via  the 
channel  itself  has  given  rise  to  what  is  known  as 
random  access  techniques.  The  best  known  such 
scheme  appropriate  to  broadcast  bus  networks  is 
Carrier  Sense  Multiple  Access  (CSMA)  (2).  In 
CSMA,  Che  risk  of  a  collision  (consisting  of 
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A  collision  can  occur  only  If  another  transmission 
is  Initiated  before  the  current  one  is  sensed. 
Thus,  the  first  t  sec.  of  a  packet  transmission 
represents  its  (maximum)  vulnerable  period  and 
has  a  key  effect  on  the  performance  of  CSMA 
protocols.  In  particular  we  note  that  the  perfor¬ 
mance  of  CSMA  degrades  as  the  ratio  t/T“TW/B  in¬ 
creases;  that  is,  as  the  propagation  delay  t 
Increases,  the  channel  bandwidth  W  increases  and/ 
or  the  packet  size  B  decreases.  Among  all  proto¬ 
cols  previously  mentioned,  the  p-persistent 
CSMA-CD  provides  the  best  performance  [2,3]. 


overlapping  packet  transmissions)  is  decreased  by 
having  users  sense  the  channel  prior  to  trans¬ 
mission.  If  the  channel  is  sensed  busy,  then 
transmission  is  inhibited.  Conflicting  users 
schedule  retransmission  of  their  packets  to  some 
later  time,  incurring  a  random  rescheduling  delay. 
There  are  several  CSMA  protocols.  In  the  so-called 
nonpers latent  CSMA,  a  user  which  finds  the  channel 
busy  simply  schedules  the  retransmission  of  the 
packet  to  some  later  doe.  In  Che  p-persistent 
CSMA,  a  user  which  finds  the  channel  busy  monitors 
the  channel,  waits  until  the  channel  goes  idle, 
and  then  performs  the  "p-process",  which  consists 
of  transmitting  the  packet  with  probability  p, 
and  waiting  the  maximum  end-to-end  propagation 
delay  with  probability  1— p ;  at  this  new  point  in 
time,  it  senses  the  channel  and  again,  if  the 
channel  is  sensed  idle,  it  repeats  the  p-process, 
otherwise  it  repeats  the  entire  procedure. 

Given  the  physical  characteristics  of  data 
transmission  on  coaxial  cables,  in  addition  to 
sensing  carrier  it  is  possible  for  transceivers  to 
detect  interference  among  several  transmissions 
(including  their  own)  and  abort  the  transmission 
of  their  colliding  packets.  This  gives  rise  to 
a  variation  of  CSMA  which  we  refer  to  as  Carrier 
Sense  Multiple  Access  with  Collision  Detection 
(CSMA-CD)  [1,3]. 

A  new  version  of  CSMA  which  includes  message- 
based  priority  functions,  referred  to  as  P-CSMA, 
has  been  recently  proposed  and  analyzed  [4].  The 
scheme  is  based  on  the  principle  that  access  right 
to  the  channel  is  exclusively  granted  to  ready 
messages  of  the  current  highest  priority  level. 

This  is  simply  done  by  the  means  of  reservation 
bursts  and  carrier  sensing.  For  more  details, 
the  reader  is  referred  to  [4], 

The  performance  of  a  CSMA  broadcast  bus 
system  is  normally  characterized  by  two  main 
measures:  channel  capacity  and  the  throughput- 
delay  tradeoff.  Channel  capacity  is  defined  as 
the  maximum  throughput  that  the  network  is  able 
to  support.  The  throughput-delay  measure  is  the 
relationship  which  exists  between  the  average 
packet  delay  and  the  channel  throughput.  It 
should  be  clear  that,  due  to  collisions  and  re¬ 
transmissions,  channel  capacity  is  always  below 
the  available  channel  bandwidth,  and  that  through¬ 
put  and  delay  have  to  be  traded  off:  the  larger 
the  throughput  is,  the  larger  is  the  average 
packet  delay. 

Let  U  denote  the  channel  bandwidth  (in  bits/ 
seconds) ,  d  the  length  of  the  cable  between  the 
extreme  users,  and  B  the  number  of  bits  per  packet 
(assuming  fixed  size  packets).  We  let  T  denote 
the  end-to-end  delay  defined  as  the  time  from 
the  starting  of  a  transmission  to  the  starting 
of  reception  between  the  extreme  users,  and  T 
denote  the  transmission  time  of  a  packet;  i.e., 
T-B/W.  In  all  CSMA  protocols,  given  that  a  trans¬ 
mission  is  initiated  on  an  empty  channel,  it  is 
clear  that  it  takes  a£  moat  T  sec.  for  the  packet 
transmission  to  reach  all  devices;  beyond  this 
time  the  channel  is  guaranteed  to  be  sensed  busy 
for  as  long  as  data  transmission  is  in  progress. 


Both  stochastic  analysis  and  computer  simu¬ 
lation  have  been  used  to  evaluate  the  average 
stationary  performance  of  CSMA  and  P-CSMA  (2,3,4). 
In  that  modeling  effort  it  was  assumed  that  for 
each  user  the  packet  intergeneration  time  is  a 
random  variable  with  a  memoryless  distribution 
(either  exponential,  or  discrete-time  geometric 
with  the  time  unit  equal  to  T  sec.).  When  dealing 
with  voice  applications,  such  an  assumption  is 
not  adequate  as  the  packet  generation  process  is 
to  a  first  approximation  deterministic  (see 
Section  III  below).  Moreover,  due  to  the  real¬ 
time  constraints  encountered  in  voice  communi¬ 
cation,  average  performance  is  not  sufficient, 
and  one  has  to  derive  the  distribution  of  delay 
or  delay  percentiles.  This  renders  stochastic 
analysis  rather  difficult,  and  therefore  we  resort 
to  simulation  techniques  for  our  study.  The 
version  of  the  simulator  used  in  this  investigation 
is  that  corresponding  to  P-CSMA.  This  was  done 
with  the  Intent  that  if  voice  and  data  were  to  be 
integrated  on  the  same  network,  then,  due  to  the 
strict  end-to-end  delay  requirement  in  voice 
applications,  one  suspects  that  the  prioritized 
scheme  would  be  more  appropriate.  Indeed,  by 
giving  priority  to  voice  packets  over  data  packets, 
the  scheme  will  help  guarantee  to  a  certain  extent 
the  delay  constraint  for  voice  packets  even  in  the 
presence  of  data  traffic.  In  fact,  analysis  and 
simulation  of  P-CSMA  with  two  classes  of  traffic 
has  already  provided  indication  to  that  effect  [4], 
Note,  however,  that  in  the  present  study  we  con¬ 
sider  that  there  exists  only  one  class  of  traffic, 
namely  voice,  and  that  it  is  given  the  highest 
priority.  The  only  difference  between  P-CSMA  and 
CSMA  in  this  case  is  that  with  the  former  there 
is  an  additional  overhead  incurred  in  the  imple¬ 
mentation  of  the  priority  function  which  degrades 
the  performance  slightly  as  compared  to  CSMA. 

This  overhead  is  function  of  the  ratio  TW/B,  and 
thus  the  degradation  is  more  Important  as  the 
ratio  TW/B  becomes  larger. 


III.  CHARACTERISTICS  OF  VOICE  TRAFFIC  AND  VOICE 
SOURCES 

It  is  assumed  that  vocoders  digitize  voice 
at  some  constant  rate  of  V  bits  per  second.  Bits 
are  grouped  to  form  packets,  which  are  then  trans¬ 
mitted  via  the  network  to  the  destination  vocoder. 
Let  B  denote  the  number  of  bits  per  packet.  B  Is 
the  sum  of  two  components:  B^,  which  encompasses 

all  overhead  bits  comprising  the  preamble,  the 
packet  header  and  the  checksum,  and  Bv,  the 
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Information  bit*.  The  time  to  form  a  packet,  Tf, 
la  given  by 


Tj  la  also  the  packet  Inter generation  time  for  a 

vocoder.  To  achieve  Interactive  speech  and  smooth 
playback  operation,  it  is  Important  to  keep  the 
end-to-end  delay  for  most  bits  of  voice  information 
within  tight  bounds.  End-to-end  delay  Is  defined 
as  the  time  from  when  the  bit  Is  generated  at  the 
originating  vocoder  until  it  is  received  at  the 
destination  vocoder.  Two  components  of  delay  are 
Identified:  the  packet  formation  delay,  ,  and 

the  packet  network  delay,  D^.  The  network  delay 

Is  defined  as  the  time  since  the  packet  is  formed 
until  it  is  successfully  received  at  the  desti¬ 
nation.  Denoting  by  D  the  maximum  allowable 

ID 

delay  for  voice  bits,  a  voice  packet  Is  acceptable 
only  If  Tj+Dn<Da.  Packets  which  do  not  satisfy 

this  inequality  are  assumed  to  be  lost.  Usually 
speech  can  be  effectively  synthesized  at  the 
destination  if  the  rate  of  lost  packets  does  not 
exceed  a  maximum  L.  In  voice  applications,  the 
performance  measure  is  defined  as  the  maximum 
number  of  vocoders  that  can  be  supported  by  the 
network  under  the  delay  constraint  and  a 

tolerable  loss  rate  L. 

We  assume  that  each  voice  source  possesses 
a  transmit  buffer  with  room  for  exactly  one 
packet.  Whenever  this  buffer  is  nonempty,  the 
station  attempts  transmission  of  the  packet  on 
the  channel  according  to  P-CSMA.  We  furthermore 
assume  that,  if  the  buffer  is  nonempty  when  a 
new  packet  is  generated,  then  the  former  is  lost 
and  the  latter  occupies  the  buffer  (l.e.,  the 
order  of  service  is  last-come-first-served) .  Al¬ 
though  this  model  appears  to  be  restrictive  a 
priori,  we  shall  show  in  Che  following  section 
that  this  is  not  so.  In  fact,  for  a  given  delay 
requirement  D^,  the  optimum  packet  size  which 

maximizes  the  number  of  voice  sources  is  such  that 
D^cTj  for  all  values  of  L.  That  is,  at  optimum 

we  have  D  <2T,,  and  therefore  there  is  no  need 
m-  t 

for  a  transmit  buffer  of  size  larger  than  one, 
and  LCFS  la  the  appropriate  queueing  discipline. 

Ac  optimum,  packet  loss  contributing  to  L  is  only 
due  to  excess  delay  and  not  to  lack  of  buffers. 

Before  we  proceed  with  the  discussion  of  the 
numerical  results  obtained  from  the  simulation 
of  P-CSMA,  we  undertake  here  an  idealized  analysis 
which  provides  an  upper  bound  on  the  performance. 

In  essence,  it  consists  of  assuming  that  network 
delay  is  Ideally  deterministic  and  equal  to 

only  the  transmission  time  on  the  channel  of  band¬ 
width  W.  With  this  assumption,  D^-B/W  and  the 

condition  T.+D  <D  leads  to 
r  n-  o 
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Given  that  M  voice  sources  are  active,  the  band- 
width  constraint  is  then  written  as 


W  >  MV 


(W 


B 


v 


(3) 


Eqs,  (2)  and  (3)  lead  to  a  maximum  value  of  M 
given  by 


VD  +B, 
m  h 

This  ideal  analysis  in  fact  corresponds  to  TDMA 
in  which  perfect  synchronization  is  achieved;  l.e., 
the  voice  packet  for  a  user  is  ready  for  trans¬ 
mission  exactly  at  the  beginning  of  the  slot 
assigned  to  that  user.  This  is  simply  achieved 
by  having  the  vocoder  synchronize  the  formation 
time  of  the  packet  with  the  boundary  of  its 
assigned  slot.  Therefore,  with  M  users  and  TDMA 
frames  of  M  slots,  D  is  equal  to  one  slot  (l.e., 

(B^+B^/W),  while  T^  is  equal  to  M  slots;  hence, 

equations  (1)  and  (3) . 

Equation  (4)  illustrates  the  effect  of  the 
overhead  B^  on  M* .  If  B^-0,  then  M*-W/V,  inde¬ 
pendent  of  D  .  In  that  case,  however,  the  optimum 

n 

packet  size  is  function  of  D  ,  given  by 

■ 


Bv  ’  d«/(£  +  b 

The  smaller  D  is,  the  smaller  the  packet  size  is. 
n 

With  B.  4  0,  M*  is  function  of  D  ,  and  decreases 
n  a 

as  D  decreases.  Indeed,  with  B.  4  0,  the  packet 
o  n 

size  cannot  be  arbitrarily  decreased,  as  the  effect 
of  overhead  becomes  more  and  more  severe.  In 
Figures  3  and  4  below,  the  dashed  curves  represent 
M*  as  a  function  of  V  for  W-1MBPS  and  W-10MBPS 
respectively,  B^-200  bits  and  various  values  of 

D  .  D  “200  msec,  corresponds  roughly  to  the  case 

01  B 

B.”0  or  D  ■»  ®.  For  D  *2  msec.,  the  effect  of  B. 
h  m  m  h 

is  so  important  that  M*  is  limited  to  very  small 
values  and  is  rather  Insensitive  to  V. 
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IV.  DISCUSSION  OF  NUMERICAL  RESULTS 

We  consider  a  P-CSMA  network,  1  Km  long  with 
en  end-Co-end  propagation  delay  T  of  approximately 
10  visec.  We  assume  B^-200  bits,  which  account  for 

a  64-bit  preamble,  a  32-bit  CRC  and  104  bits  for 
addreaslng  and  other  control  information.  We 
consider  various  values  for  the  vocoder  bandwidth: 
V«16,  24,  32  and  64  KBPS;  and  two  values  for  the 
channel  bandwidth:  W-l  and  10MBPS. 

The  delay  constraint  on  voice  bits  depends 
on  the  type  of  voice  comunicatlon  being  consid¬ 
ered.  The  first  type  we  identify  is  Chat  of 
real-time  voice  communication  within  the  local 
environment  (i.e.,  all  parties  are  on  the  local 
network);  in  this  case,  interactive  communication 
can  be  effectively  accomplished  if  D  is  on  the 

order  of  200  msec,  (or  even  higher).  The  second 
type  is  that  of  real-time  voice  communication  via 
the  Public  Switched  Telephone  Network  (i.e.,  where 
all  parties  are  not  on  the  local  network) ;  in  this 

case,  D  must  be  restricted  to  a  value  on  the 
m 

order  of  20  msec.  Finally,  we  distinguish  a  third 
type  which  arises  when  the  goal  is  to  have  network 
delay  which  does  not  exceed  that  experienced  in  a 
PBX  switch;  in  this  case,  the  delay  constraint 
must  be  set  at  2  msec.  As  previously  mentioned 
with  voice  coimminication,  packet  loss  is  tolerable 
as  long  as  the  loss  rate  L  is  limited  to  a  small 
value.  In  this  study,  we  shall  assume  that  L-0 .02 
is  adequate. 

We  first  examine  the  effect  of  packet  size 
Bh+Bv  on  the  delay  performance.  Consider  W,  V  and 

M  to  be  fixed.  Let  k  denote  the  number  of  packets 
sampled  in  the  simulation,  and  let  D^,  D^,..., 

be  the  delay  incurred  by  the  k  packets  respective¬ 
ly.  Let  D.  <D  <..<D  be  the  ordered  sequence 
12^ 

of  delay  samples.  We  let  Max{D|L)  >  D 

*k(l-L) 

MaxfD[L}  is  the  value  of  packet  delay  which  is 

exceeded  by  exactly  a  fraction  L  of  all  samples. 

We  can  similarly  define  Max(D  |l).  Clearly, 

n 

Max{D|L)  “  Tj+MaxfD^lL).  If  By  is  arbitrarily 

large,  then  T^  is  the  predominant  term.  Indeed, 

the  number  of  packets  contending  is  small,  and, 
with  the  packet  size  being  large,  the  performance 
of  P-CSMA  (which  is  a  function  of  TW/B)  is  rela¬ 
tively  good.  In  this  case,  Msx{d|l)  is  also 
larger,  on  the  same  order  of  magnitude  as  B^/V+B/W. 

As  B  decreases,  T.  decreases,  and  so  does 
v  f 

Max{D|L)  until  By  is  small  enough  as  to  cause  a 

high  degree  of  contention  and  an  important  in¬ 
crease  of  Max{Dn|L).  Clearly,  further  decrease 

in  B  causes  the  P-CSMA  channel  to  saturate  and 
v 

Max(Dn|L}-»  «■  with  probability  one.  Thus,  there 

exists  an  optimum  value  for  By  which  minimizes 

Hsx{d|l}.  We  illustrate  these  effects  in  Figure  1, 
in  which  we  plot  Msx{d|l}  versus  B^  for  the  case 
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Fig.  1.  Max(D|L)  versus  B^  for  fixed  M  and 
various  values  of  L. 
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Fig.  2.  Max{D|L;  versus  Bv  for  fixed  L  and 
various  values  of  M. 

V“24KBPS,  W«1MBPS,  M»10  and  various  values  of  L. 
It  is  interesting  to  note  that  given  M,  the  opti¬ 
mum  packet  size  is  roughly  the  same  for  all 

values  of  L.  Setting  L«0.02,  we  show  in  Figure  2 
Max{Dj0.02)  versus  Bv  for  various  values  of  M. 

This  figure  shows  that  for  a  given  value  of 
and  a  given  value  of  L,  there  exists  a  unique 
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V  (KBPS) 

Fig.  3.  M*  and  M  versus  V  for  W-1MBPS 
max 

optimum  value  of  Bv  and  a  maximum  value  of  M  which 

satisfy  the  constraint  Max{D|L}<D  .  This  maximum 

—  m 

value  of  M,  M  ,  represents  the  performance  of 
m&x 

P-CSMA  when  supporting  voice  comsunlcatlon.  From 
Figures  1  and  2,  as  well  as  the  results  obtained 
for  all  other  cases  studied,  we  note  that 
Max(Dn|L}  at  optimum  is  always  inferior  to  T^, 

and  therefore  Hax(D|l.}<2T-,  regardless  of  D  and 

L.  This  clearly  justifies  chat  the  model  adopted 

for  the  vocoder's  transmit  buffer  (single  packet 

buffer  and  LCFS)  is  not  restrictive.  In  Figure  3, 

we  plot  M  as  a  function  of  the  vocoder  rate  V 
max 

for  L”2Z  and  W«1MBPS  and  the  three  values  of  D  : 

m 

2  msec.,  20  msec.,  and  200  msec.  The  dashed 
curves  correspond  to  the  ideal  TDMA  case. 

Figure  4  displays  similar  results  for  the  case 

W-10MBPS.  We  note  that  when  D  “200  msec.,  both 

m 

M*  and  M  decrease  rapidly  as  V  increases; 
max  r  1 

while  if  D  “2  msec.,  then  M*  and  M  are  rather 
m  max 

insensitive  to  V.  This  is  due  to  the  existence 

of  a  nonzero  overhead  B.  ,  whose  effect  is  more 

Important  as  the  delay  requirement  is  more  crit¬ 
ical.  To  best  compare  the  performance  of  P-CSMA 
to  that  of  the  ideal  TDMA,  we  consider  the  ratio 

This  ratio  has  the  property  of  isolating 

the  effect  of  contention  as  opposed  to  that  of  V 

and  B.  ,  and  therefore  allows  us  to  evaluate  the 
n 

relative  performance  of  P-CSMA  when  supporting 
voice.  We  plot  in  Figures  5  and  6  M  /M*  versus 

V  for  W-1MBPS  and  10MBPS  respectively.  We  note 


V (KBPS) 

Fig.  4.  M*  and  M  versus  V  for  W-10MBPS 
max 


V  (KBPS) 

Fig.  5.  Ratio  M  /M*  versus  V  for  W-1MBPS 

max 

that  the  degradation  in  performance  due  to  conten¬ 
tion  is  more  significant  as  the  delay  requirement 
is  more  severe  and/or  as  the  channel  bandwidth  is 
larger.  Both  these  trends  are  due  to  the  higher 
degree  of  contention  caused  by  a  larger  ratio 

tW/B.  Indeed,  with  smaller  D  ,  B  is  bound  to 

m  v 

be  smaller,  and  therefore  TW/B  is  larger. 
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Fig.  6.  Ratio  M  / M*  versus  V  for  W«10MBPS 

max 

Finally,  in  Figure  7,  we  display  the  optimum 

packet  size  B  as  a  function  of  V  for  L-0.02  and 
v 

D  “2,  20  and  200  msec. 

m 


V.  CONCLUSION 

We  examined  in  this  paper  the  performance  of 

CSMA-CD  local  networks  when  supporting  voice 

communication,  and  compared  it  to  an  ideal  TDMA 

system  which  provides  the  ultimate  best  achievable 

performance.  The  results  show  that,  for  a  given 

delay  constraint  D  and  a  given  tolerable  loss 
m 

rate  L,  there  Is  an  optimum  packet  size  which 

provides  a  maximum  number  of  voice  sources .  As 

long  as  the  delay  requirement  D  is  not  too  severe 

in 

(on  the  order  of  =200  msec.)  and  the  channel  band¬ 
width  W  is  not  too  large  (on  the  order  of  =  1MBPS) , 
then  the  performance  of  P-CSMA  is  comparable  to 
that  of  the  Ideal  TDMA.  However,  if  either  D  is 

D 

small  (^20  msec.),  or  W  is  large  (-10MBPS),  or 
both,  then  P-CSMA  becomes  inferior  to  the  ideal 
case,  regardless  of  the  vocoder  rate.  This  is 
basically  due  to  the  relatively  small  transmission 
time  of  a  packet  for  which  P-CSMA  is  known  to  have 
a  poor  performance.  As  a  result,  we  note  that, 
when  the  delay  requirement  is  low,  an  increase 
in  channel  bandwidth  with  the  expectation  to  in¬ 
crease  the  maximum  number  of  voice  sources  is 
rewarded  by  smaller  than  a  proportional  improve¬ 
ment.  As  an  example,  we  see  chat,  when  D  -20  msec. 

fit 

and  V-32KBPS,  M  is  about  20  for  '>1MBPS  and 
max 

about  90  for  W-10MBPS. 


V (KBPS) 


Fig.  7.  Optimum  versus  V  for  W*1MBPS 
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ABSTRACT 


Local  area  communication  networks  based  on  the  packet  broadcasting 
technology  have  received  considerable  attention  in  recent  years,  due  to 
their  simple  architectures  and  efficient  operation.  One  of  the  major 
concerns  in  designing  such  networks,  however,  has  been  the  design  of 
efficient  multiaccess  protocols. 

We  destinguish  in  this  paper  two  main  architectures  for  cable 
broadcast  systems:  the  bidirectional  broadcast  system  (BBS)  architecture 
in  which  transmission  is  broadcast  in  both  directions  of  the  cable,  and 
the  unidirectional  broadcast  system  (UBS)  architecture  in  which 
transmission  is  forced  into  only  one  direction.  Broadcast  communication 
in  the  UBS  architectures  is  achieved  by  folding  the  cable  so  that  each 
device  is  connected  to  both  the  outbound  and  the  inbound  portions  of  the 
cable. 


Following  a  brief  discussion  of  multiaccess  protocols  and  priority 
functions  in  distributed  multiaccess  environments  we  describe  here  a  new 
and  efficient  round  robin  scheduling  scheme  suitable  for  UBS 
architectures,  describe  a  simple  and  efficient  mechanism  for  priority 
assessment  in  both  BBS  and  UBS  architectures,  and  then  extend  the 
applicability  of  the  round  robin  scheme  to  a  prioritized  unidirectional 
environment. 
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I.  INTRODUCTION 

Significant  advances  in  local  area  communication  networks  have  been 
achieved  in  the  past  few  years.  Several  architectures  have  been  proposed 
and  implemented  [1,  2,  3,  4].  They  have  a  particular  element  in  comron: 
they  are  all  based  on  packet  broadcasting  technology. 

Packet  broadcasting  is  attractive  in  that  it  combines  the 
advantages  of  both  packet  switching  and  broadcast  communication.  Packet 
switching  offers  the  efficient  sharing  of  communication  resources  by 
many  contending  users  with  random  demands.  Broadcast  communication 
eliminates  complex  topological  design  and  routing  problems.  Packet 
broadcasting  is  simply  achieved  by  providing  available  communication 
bandwidth  as  a  single  high-speed  channel  to  be  shared  by  the  many 
contending  users. 

A.  Bidirectional  and  Unidirectional  T\  ^.jcast  Systems 

Local  communication  networks  of  the  Ethernet  type  use  a  cable  to 
which  all  the  communicating  devices  are  connected.  The  device  connection 
interface  is  a  passive  cable  tap  so  that  failure  of  an  interface  does 
not  prevent  the  remaining  devices  from  communicating.  The  use  of  a 
single  coaxial  cable  with  bidirectional  transmission  naturally  achieves 
broadcast  communication.  We  refer  to  such  systems  as  bidirectional 
broadcast  systems  (BBS). 

Broadcast  communication  with  unidirectional  transmission  can  also 
be  achieved  by  folding  the  cable  so  that  each  device  is  connected  to 
both  the  forward  (or  outbound)  and  reverse  (or  inbound)  portions  of  the 
cable.  Both  taps  are  passive,  and,  in  the  simplest  case,  the  tap  on  the 
forward  portion  of  the  cable  is  a  write-cnly  tap  while  the  tap  on  the 
reverse  portion  of  the  cable  is  a  read-only  tap.  This  configuration 
results  in  an  inherent  physical  ordering  of  the  subscribers,  a  feature 
we  take  advantage  of  in  the  sequel.  We  refer  to  such  systems  as 
unidirectional  broadcast  systems  (UBS).  Figure  1  displays  schematically 
the  BBS  and  UBS  architectures. 
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B.  Multiaccess  Protocols 

One  of  the  major  concerns  of  designing  such  networks  has  been  the 
design  of  efficient  multiaccess  protocols.  The  difficulty  in  controlling 
access  to  the  channel  by  users  who  can  only  communicate  via  the  channel 
itself  has  given  rise  to  what  is  known  as  random-access  techniques.  In 
the  ALOHA  random  access  scheme,  users  transmit  any  time  they  desire  [5]. 
When  conflicts  occur,  the  conflicting  users  schedule  retransmission  of 
their  packets  to  some  later  time.  In  carrier-sense  multiple  access 
(CSMA),  the  risk  of  a  collision  is  decreased  by  having  users  sense  the 
channel  prior  to  transmission  [6].  If  the  channel  is  sensed  busy,  then 
transmission  is  inhibited. 

Many  CSMA  protocols  exist  which  differ  in  the  action  taken  by  a 
ready  subscriber  who  finds  the  channel  busy.  In  the  nonpersistent  CSMA, 
the  terminal  simply  schedules  the  retransmission  of  the  packet  to  some 
later  time.  In  the  1-persistent  CSMA,  the  terminal  monitors  the  channel, 
waits  until  the  channel  goes  idle  (persisting  on  transmitting),  and  then 
transmits  the  packet  with  probability  one.  In  the  p-persistent  CSMA,  the 
terminal  monitors  the  channel  as  in  1-persistent,  but  when  the  channel 
goes  idle,  it  transmits  the  packet  only  with  probability  p,  and  with 
probability  1-p  it  waits  the  maximum  propagation  delay  and  then  repeats 
the  process  provided  that  the  channel  is  still  sensed  idle. 

Given  the  physical  characteristics  of  data  transmission  on  coaxial 
cables,  in  addition  to  sensing  carrier  it  is  possible  for  transceivers 
to  detect  interference  among  several  transmissions  (including  their  own) 
and  abort  the  transmission  of  their  colliding  packets.  This  produces  a 
variation  of  CSMA  which  we  refer  to  as  carrier-sense  multiple  access 
with  collision  detection  (CSMA-CD)  [U,  73. 

While  random  access  techniques  such  as  CSMA  are  suitable  for  both 
BBS  and  UBS  architecutres  a  very  efficient  round-robin  scheme  is 
achievable  in  the  UBS  architecture  as  a  result  of  the  physical  ordering 
of  the  subscribers  on  the  cable.  This  scheme  is  described  below  in 
section  II. 
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C.  Priority  Functions  In  Multiaccess  Broadcast  Systems 

The  need  for  priority  functions  in  multiaccess  environments  is 

clear.  Having  multiplexed  traffic  from  several  users  and  different 

* 

applications  on  the  same  bandwidth-limited  channel  in  order  to  achieve  a 
higher  utilization  of  the  latter,  we  require  that  a  multiaccess  scheme 
be  responsive  to  the  particular  specifications  of  each.  Priority 
functions  in  multiaccess  environments  are  also  addressed  in  this  paper. 

Little  work  has  been  done  in  the  past  to  incorporate  priority 
functions  into  multiaccess  protocols,  the  distributed  nature  of  the 
environment  being  the  major  obstacle.  Priority  functions  here  are  viewed 
in  their  most  general  sense;  that  is,  priority  is  defined  as  a  function 
of  the  message  to  be  transmitted  and  not  just  the  device  transmitting 
the  message.  The  target  requirements  for  a  priority  scheme  to  be 
acceptable  are: 

1.  Hierarchical  independence  of  performance:  The  performance  of 
the  scheme  as  seen  by  messages  of  a  given  priority  class 
should  be  insensitive  to  the  load  exercised  on  the  channel  by 
lower  priority  classes.  Increasing  loads  from  lower  classes 
should  not  degrade  the  performance  of  higher  priority 
classes. 

2.  Fairness  within  each  priority  class:  Several  messages  of  the 
same  priority  class  may  be  simultaneously  present  in  the 
system.  These  should  be  able  to  contend  on  the  communication 
bandwidth  with  equal  right. 

3.  Robustness:  A  priority  scheme  must  be  robust  in  that  its 
proper  operation  and  performance  should  be  insensitive  to 
eventual  errors  in  status  information. 

4.  Low  overhead:  The  volume  of  control  information  to  be 
exchanged  among  the  contending  users,  as  required  by  the 
scheme,  and  the  overhead  required  to  implement  the  priority 
scheme  must  both  be  kept  minimal. 

To  satisfy  property  (1)  above,  a  priority  scheme  must  be  based  on 
the  principle  that  access  right  "at  any  instant"  be  exclusively  given  to 
ready  messages  of  the  highest  current  priority  level.  While  this  is 
easily  achieved  in  nondistributed  environements,  in  a  distributed 
environment,  there  are  three  basic  problems  that  need  to  be  addressed: 
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(1)  Identify  the  instants  at  which  to  assess  the  highest  current 
priority  class  with  ready  messages;  (2)  Design  a  mechanism  by  which  to 
assess  the  highest  non-empty  priority  class;  and  (3)  Design  a  mechanism 
which  assigns  the  channel  to  the  various  ready  users  within  a  class. 

True  hierarchical  independence  of  performance  can  be  achieved  only  with 
a  preemptive  priority  scheme  and  even  then  not  to  a  full  extent  for  in  a 
strict  sense  the  overhead  incurred  by  the  preemption  might  be  considered 
degradation  of  performance.  Nonetheless,  property  (1)  should  be 
considered  a  prime  target  for  all  priority  schemes. 

An  efficient  mechanism  for  priority  assessment,  suitable  for  UBS 
and  BBS  architectures  with  a  carrier  sense  capability  has  been  proposed 
in  [8]  along  with  CSMA  contention  schemes.  We  review  this  mechanism  in 
section  III  below,  and  describe  in  section  IV  an  efficient  prioritized 
round  robin  scheme  for  UBS  architectures  which  makes  use  of  it.  The 
content  of  this  paper  consist  of  extracts  from  a  more  complete 
version  [93. 
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II.  AN  EFFICIENT  ROUND  ROBIN  ALGORITHM 

The  UBS  considered  here  has  two  separate  channels — the  outbound 
channel  which  all  subscribers  access  in  order  to  transmit,  and  the 
inbound  channel  which  subscribers  access  in  order  to  read  the 
transmitted  information.  In  addition  to  transmitting  capability  on  the 
outbound  channel  we  assume  that  subscribers  can  also  sense  activity  on 
that  channel  in  a  way  similar  to  that  required  in  other  channel  sensing 
systems  such  as  CSMA.  In  a  UBS  this  capability  results  in  an  interesting 
feature.  Assume  subscribers  are  numbered  sequentially  SI,  S2,  S3,  etc., 
and  subscriber  SI  is  defined  as  the  "farthest”,  i.e.,  has  the  longest 
round  trip  delay  (see  figure  1).  Because  of  the  unidirectional 
signalling  property,  S2  is  able  to  sense  signals  generated  by  SI  on  both 
the  inbound  and  outbound  channels  whereas  the  opposite  does  not  hold; 
that  is,  SI  can  sense  signals  generated  by  S2  only  on  the  inbound 
channel.  This  asymmetry  will  be  utilized  in  establishing  the  ordering  in 
a  round-robin  scheme. 

A  subscriber  is  considered  to  be  in  one  of  three  states.  A 
subscriber  is  in  the  IDLE  state  if  it  does  not  have  any  message  awaiting 
transmission.  A  non-IDLE  subscriber,  called  a  ready  subscriber,  can 
assume  one  of  two  states — ACTIVE  if  it  has  not  transmitted  its  message 
in  the  "current  round"  or  DORMANT  if  it  did  transmit  and  is  waiting  for 
the  completion  of  the  round.  In  order  to  achieve  fair  scheduling, 

DORMANT  subscribers  defer  to  all  other  ACTIVE  subscribers.  Consequently, 
we  are  assured  that  no  subscriber  will  transmit  its  second  message 
before  other  ready  subscribers  have  a  chance  to  transmit  their  first 
ones.  Eventually  all  ready  subscribers  will  have  transmitted  their 
messages  (i.e.  all  are  DORMANT);  this  constitutes  the  end  of  a  round;  at 
this  time  all  reset  their  state  and  a  new  round  starts. 

While  each  subscriber  distinguishes  between  its  DORMANT  and  ACTIVE 
states  (with  a  1-bit  flag),  arbitration  among  active  subscribers  must  be 
provided  by  additional  means.  To  that  end  each  ACTIVE  subscriber 
transmits  a  short  burst  of  unmodulated  carrier  after  the  end  of  the 
previous  message  to  indicate  its  ACTIVEness  and,  at  the  same  time. 
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senses  the  outbound  channel.  All  but  one  ACTIVE  subscriber  will  sense 
the  outbound  channel  busy  (due  to  transmission  from  lower  indexed 
subscribers — see  Fig.  1)  thus  singling  out  the  next  subscriber  to 
transmit.  Here  we  make  use  of  the  asymmetry  of  the  outbound  channel  as 
explained  earlier.  If  a  given  subscriber  senses  the  outbound  channel 
busy,  there  exists  at  least  one  ready  subscriber  "ahead"  of  it  that 
generated  that  signal;  a  subscriber  will  always  defer  its  transmission 
in  favor  of  those  "ahead"  of  it. 

Initially  all  subscribers  reset  their  state,  meaning  that  all  ready 
subscribers  are  ACTIVE.  An  ACTIVE  subscriber  will  operate  follows: 

1.  Wait  until  the  next  end-of-carrier  (EOC)  at  the  end  of  a 
message,  detected  on  the  inbound  channel. 

2.  Transmit  a  short  burst  of  unmodulated  carrier  and  listen  to 
the  outbound  channel  for  one  round  trip  delay. 

3.  If  the  outbound  channel  is  sensed  idle,  the  subscriber 
transmits  its  message  (free  of  conflict)  and  moves  to  the 
DORMANT  state.  Otherwise,  the  subscriber  repeats  the 
algorithm. 

A  DORMANT  subscriber  will  become  ACTIVE,  if  the  inbound  channel  is 
sensed  idle  for  one  round  trip  delay  or  longer  and  then  perform  the 
above  steps. 

The  algorithm  is  extremely  efficient  because  a  nonconflicting 
schedule  is  usually  achieved  within  one  half  round-trip  delay  regardless 
of  the  position  of  the  consecutive  ready  users  on  the  bus,  where  a  full 
round-trip  delay  is  considered  to  be  the  propagation  time  through  both 
the  outbound  and  inbound  channels.  Since  ordering  is  implied  by 
information  extracted  from  the  outbound  channel  alone,  one  half  round 
trip  delay  (through  the  outbound  channel  only)  is  sufficient  to 
establish  scheduling.  An  extra  (idle)  round-trip  delay  is  required  to 
signal  the  end  of  a  round  to  all  subscribers  (which  is  nominal  overhead 
especially  in  a  loaded  system). 

The  algorithm  presented  here  differs  slightly  from  a  conventional 
round-robin  algorithm.  In  a  conventional  round-robin  discipline,  each 
subscriber,  in  a  prescribed  order,  is  given  a  chance  to  transmit;  it 
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transmits  if  it  has  a  message  ready  and  declines  if  it  has  not.  This 
subscriber  will  not  be  given  a  second  chance  before  all  other 
subscribers  have  had  their  chance.  In  our  algorithm,  while  no  subscriber 
transmits  more  than  once  within  each  "round",  the  order  of  transmission 
within  the  round  may  vary  depending  on  the  instants  at  which  messages 
arrive.  For  example,  assume  that  subscriber  SI  just  completed 
transmission  of  its  message.  Assume  also  that  at  this  time  S2  does  not 
have  a  message  ready  and  therefore  S3,  assumed  ready,  transmits  next. 
While  S3  is  transmitting,  a  message  arrives  at  S2,  and  consequently  when 
S3  is  finished  S2  transmits  next.  The  order  of  transmission  in  this  case 
was  SI,  S3,  S2  while  if  all  had  a  ready  message  at  the  beginning  of  the 
round  the  order  would  have  been  SI,  S2,  S3. 
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III.  A  PRIORITY  ASSESSMENT  MECHANISM  FOR  UBS  AND  BBS  ARCHITECTURES 


We  review  innthis  section  the  priority  assessent  raecanism  proposed 
in  [8].  With  the  broadcast  nature  of  transmission,  users  can  monitor  the 
activity  on  the  channel  at  all  times.  The  assessment  of  the  highest 
priority  class  with  ready  messages  is  done,  at  least  (as  is  the  case  in 
the  nonpreemptive  discipline),  at  the  end  of  each  transmission  period, 
whether  successful  or  not,  i.e.,  every  time  the  carrier  on  the  channel 
goes  idle.  When  detected  at  a  subscriber,  end  of  carrier  (EOC) 
establishes  a  time  reference  for  that  subscriber.  Following  EOC,  the 
channel  time  is  considered  to  be  slotted  with  the  slot  size  equal  to 
2*TAU4GAMMA,  where  TAU  denotes  the  maximum  one-way  propagation  delay 
between  pairs  of  subscribers,  and  GAMMA  is  a  period  of  time  sufficiently 
long  to  detect  a  short  burst  of  unmodulated  carrier.  Within  each 
subscriber,  messages  are  ordered  according  to  their  priority.  The 
priority  of  a  subscriber  at  any  time  is  the  highest  priority  class  with 
messages  present  in  its  queue. 

Let  us  denote  an  arbitrary  subscriber,  and  EOC(s)  denote  the  time 
of  end  of  carrier  at  subscriber  s.  Let  p(s)  denote  the  priority  level  of 
subscriber  s  at  time  EOC(s).  The  priority  assessment  algorithm  consists 
of  having  subscriber  s  operate  as  follows: 

1.  If,  following  EOC(s),  carrier  is  detected  in  slot  i,  with 
i<p(s),  (thus  meaning  that  some  subscriber  has  priority  i 
higher  than  p(s)  and  access  right  must  be  granted  to  class 
i),  then  subscriber  s  awaits  the  following  end  of  carrier  (at 
the  end  of  the  next  transmission  period)  at  which  time  it 
reevaluates  its  priority  and  repeats  the  algorithm. 

2.  If  no  carrier  is  detected  prior  to  the  j-th  slot,  where 
j=p(s),  then  subscriber  s  transmits  a  short  burst  of 
unmodulated  carrier  at  the  beginning  of  slot  j  (thus 
reserving  channel  access  to  priority  class  p(s)  and, 
immediately  following  this  slot,  operates  according  to  the 
contention  resolution  algorithm  decided  upon  within  class 
p(s)  (such  as  p-persistent  CSMA,  for  example).  At  the  next 
end  of  carrier,  subscriber  s  reevaluates  its  priority  level 
and  repeats  the  algorithm. 

Thus,  by  the  means  of  short  burst  reservations  following  EOC,  the 
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highest  nonempty  priority  class  is  granted  exclusive  access  right,  and 
messages  within  that  class  can  access  the  channel  according  to  any 
contention  algorithm.  If  the  contention  algorithm  is  CSMA,  then  we  refer 
to  the  scheme  as  prioritized  CSMA  (P-CSMA). 

Note  that  the  above  algorithm  corresponds  to  a  nonpreemptive 
discipline,  since  a  subscriber  which  has  been  denied  access  does  not 
reevaluate  its  priority  until  the  next  end  of  carrier.  However,  note 
that,  by  assessing  the  highest  priority  level  at  the  end  of  each 
transmission  period  whether  successful  or  not,  the  scheme  allows  higher 
priority  messages  to  regain  the  access  right  without  incurring 
substantial  delays. 

The  scheme  is  robust  since  no  precise  information  regarding  the 
demand  placed  on  the  channel  is  exchanged  among  the  users.  Information 
regarding  the  existing  classes  of  priority  is  implied  from  the  position 
of  the  burst  of  unmodulated  carrier  following  EOC.  Note  also  that  there 
is  no  need  to  synchronize  all  users  to  a  universal  time  heference.  By 
choosing  the  slot  size  to  be  2*TAU4GAMMA  we  guarantee  that  a  burst 
emitted  by  some  subscriber  in  its  k-th  slot  is  received  within  the  k-th 
slot  of  all  other  subscribers. 

We  illustrate  this  procedure  in  Fig.  2  by  displaying  a  snapshot  of 
the  activity  on  the  channel  for  p-persistent  P-CSMA.  (For  simplicity  and 
without  loss  of  generality,  we  consider  that  there  are  only  two  possible 
priority  levels  in  the  system.)  We  denote  by  nl  and  n2  the  number  of 
active  subscribers  in  class  1  (Cl)  and  class  2  (C2),  respectively.  We 
adopt  the  convention  that  Cl  has  priority  over  C2.  We  also  show  a 
reservation  burst  as  occupying  the  entire  slot  in  which  it  is 
transmitted.  Finally  we  represent  by  a  vertical  upward  arrow  the  arrival 
of  a  new  message  to  the  system;  the  label  Cl  or  C2  indicates  the 
priority  class  to  which  the  message  belongs.)  We  assume  in  Fig.  2  that, 
at  the  first  EOC,  we  have  n1=0  and  n2>0.  Following  EOC  a  reservation 
burst  is  transmitted  in  the  second  slot.  The  priority  resolution  period, 
also  called  priority  assessment  period  (PAP),  is,  in  this  case,  equal  to 
two  slots.  Following  the  reservation,  we  observed  a  channel-access 
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period  (CAP)  which  consists  of  the  idle  time  until  the  channel  is 
accessed  by  some  user(s)  in  class  2.  Clearly  CAP  is  a  function  of  the 
channel  access  procedure  employed  by  class  2.  Following  CAP  we  observe 
the  transmission  period  (TP)  itself,  the  end  of  which  establishes  the 
new  EOC  time  reference.  (A  crosshatched  TP  signifies  a  collision.)  The 
time  period  between  a  reservation  and  the  following  EOC,  called  the 
contention  period  and  equal  to  CAP+TP,  is  the  time  period  during  which 
exclusive  access  right  is  given  to  the  class  which  succeeded  in 
reserving  the  channel.  In  this  nonpreemptive  case,  message  arrival  Cl, 
although  of  higher  priority,  is  not  granted  access  right  until  the  EOC 
following  its  arrival,  at  which  time  it  reserves  the  channel. 

Since  the  priority  assessment  period  is  of  nonzero  length,  one  may 
envision  each  subscriber  continuously  updating  its  priority  during  the 
priority  resolution  period.  Clearly,  unless  we  allow  messages  to  change 
priority  levels,  the  priority  of  a  subscriber  may  only  change  at  the 
generation  times  of  new  messages.  As  a  result,  given  that  we  are  in  slot 
k  of  the  reservation  period,  indicating  that  no  priority  class  higher 
than  k  reserved  access  to  the  channel,  a  subscriber  may  still  make 
reservation  for  its  most  current  priority  as  long  as  this  priority  is 
lower  than  priority  class  k,  and  no  reservation  burst  is  detected  before 
its  corresponding  slot.  However,  if  following  EOC  no  reservation  burst 
is  detected  for  K  consecutive  slots,  where  K  is  the  total  number  of 
priority  classes  available  in  the  system,  then  the  channel  becomes  free 
to  be  accessed  by  any  subscriber  regardless  of  its  priority,  until  a  new 
EOC  is  detected. 

A  variant  of  this  nonpreemptive  P-CSMA  algorithm  is  to  require  that 
each  subscriber  record,  at  the  end  of  the  priority  assessment  period, 
the  priority  level  that  is  granted  access  (say  i),  so  that  i-level 
messages  generated  during  the  period  of  time  when  access  right  is 
granted  to  level  i  may  also  contend  on  the  channel. 

Note  that  the  overhead  incurred  in  a  reservation  period  following 
EOC  is  a  function  of  the  currently  highest  priority  level.  The  higher 
this  class  is,  the  smaller  the  overhead  is  and  the  smaller  is  the  delay 
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to  gain  access. 

Different  contention  algorithms  may  be  used  by  different  classes  of 
priority.  Considerations  regarding  the  use  of  1-persistent  CSMA  versus 
p-persistent  CSMA  have  been  made.  The  reader  is  referred  to  [8,  9]  for 
details. 

The  prioritized  CSMA  can  accommodate  preemption  fairly  simply. 
Consider  that,  after  the  reservation  process  has  taken  place,  the 
channel  has  been  assigned  to  class  j.  Assume  that,  before  a  transmission 
takes  place,  a  message  of  level  i,  i<j,  is  generated  at  some  subscriber 
s.  The  nonpreemptive  scheme  dictates  that  subscriber  s  await  the  next 
time  reference  before  it  can  ascertain  its  (higher)  level  i.  The 
semipreemptive  scheme  allows  subscriber  s  to  preempt  access  right  to 
class  j,  as  long  as  no  transmission  from  class  j  has  yet  taken  place,  by 
simply  transmitting  the  message.  If  the  generation  of  the  message  of 
level  i  takes  e.‘  -  je  after  a  transmission  period  is  initiated,  then 
subscriber  s  .aits  until  end  of  carrier  is  detected.  Both  nonpreemptive 
and  semipreemptive  schemes  are  applicable  whether  collision  detection  is 
in  effect  or  not. 

In  a  fully  preemptive  P-CSMA  scheme,  a  subscriber  with  a  newly 
generated  packet  may  also  preempt  an  on-going  transmission  of  a  lower 
priority  level  by  intentionally  causing  a  collision.  Clearly  this  scheme 
is  only  appropriate  if  collision  detection  is  in  effect!  It  can  offer 
some  benefit  if  lower  priority  classes  have  long  messages.  One  may  also 
envision  an  adaptive  preemption  scheme  whereby  an  on-going  transmission 
is  preemptive  only  if  the  already  elapsed  transmission  time  is  short. 
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IV.  A  PRIORITIZED  ROUND  ROBIN  SCHEME  FOR  UBS  ARCHITECTURE 

In  this  section  we  adapt  the  round-robin  algorithm  described  in 
section  II  to  a  prioritized  environment.  Hence  we  must  modify  the 
algorithm  to  ensure  that  fairness  is  administered  only  within  each 
priority  class  and  that  high  priority  messages  are  transmitted  first.  To 
achieve  this,  contention  among  subscribers  is  resolved  in  two  stages. 
First,  ready  subscribers  exchange  information  regarding  the  priority  of 
their  current  message  (i.e.,  undertake  priority  class  assessment)  and 
then  the  round-robin  algorithm  described  previously  is  used  to  resolve 
contention  among  subscribers  of  the  currently  highest  priority. 

Here,  again,  we  distinguish  between  ACTIVE  and  DORMANT  subscribers 
depending  on  whether  they  did  or  did  not  transmit  a  message  in  the 
current  round.  However,  to  achieve  fair  scheduling  within  each  priority 
class,  subscribers  maintain  separate  such  states  for  each  priority 
class;  i.e.,  a  subscriber  can  be  ACTIVE  with  respect  to  one  priority 
class  and  DORMANT  with  respect  to  another.  Since  only  these  two  states 
(for  each  priority  class)  must  be  distinguished  the  total  memory 
required  is  one  bit  per  priority  class. 

All  ready  subscribers,  ACTIVE  or  DORMANT,  participate  in  the 
priority  class  assessment.  A  mechanism  similar  to  the  one  described  in 
Section  III  may  be  used.  When  the  priority  assessment  period  is  over  the 
currently  highest  priority  class  is  established  (independent  of  the 
internal  state  of  the  ready  subscriber ( s)  holding  these  messages);  the 
channel  is  then  considered  as  operating  at  this  priority  level.  Let 
p(channel)  denote  the  latter.  Those  subscribers  for  which 
p(s)Ap( channel)  refrain  from  proceeding  and  those  for  which  these 
priorities  are  equal  operate  according  to  the  round-robin  algorithm 
described  previously. 

A  ready  subscriber  will  therefore  wait  until  the  next  end  of 
message  and  operate  according  to  the  following: 

1.  Participate  In  the  priority  class  assessment  (at  which 
p(channel)  is  established) . 
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2.  If  p(s)#p(channel )  wait  until  the  next  EOC  and  then  repeat 
the  algorithm 

3.  If  p(s)=p(channel)  and  the  subscriber  is  ACTIVE  with  respect 
to  this  priority  class  then 

a.  It  transmits  a  short  burst  and  listens  to  the  outbound 
channel  for  one  round  trip  delay. 

b.  If  the  outbound  channel  is  sensed  idle  the  subscriber 
transmits  its  message  and  moves  to  the  DORMANT  state 
(with  respect  to  this  priority  class).  Otherwise,  the 
subscriber  repeats  the  algorithm. 

4.  A  DORMANT  subscriber  for  which  p(s)=p(channel)  senses  the 
inbound  channel  for  one  round  trip  delay  and,  if  sensed  busy, 
it  repeats  the  algorithm,  otherwise  it  becomes  ACTIVE  with 
respect  to  p( channel)  and  performs  step  (3)  above. 

The  scheme  presented  here  is  nonpreemptive.  A  semipreemptive 
scheme,  in  which  a  subscriber  of  high  priority  interferes  between  the 
end  of  priority  class  assessment  period  and  the  actual  transmission  is 
not  meaningful  since  the  relevant  time  window  is  only  one  half 
round-trip  delay  long  which  is  too  short  for  any  preemptive  activity.  A 
full  preemption  scheme  can  be  introduced  by  allowing  a  subscriber  to  jam 
the  channel  and  force  a  new  priority  class-resolution-period. 
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V.  CONCLUSION 


We  examined  in  this  paper  two  local  area  communication  system 
architectures:  the  bidirectional  broadcast  system  architecture  and  the 
unidirectional  broadcast  system  architecture.  We  briefly  discussed  the 
two  important  issues:  (i)  multiaccess  protocols  and  (ii)  priority 
functions  in  distributed  multiaccess  environments.  The  inherent  ordering 
of  subscribers  due  to  unidirectionality  in  transmission  in  the  UBS 
architecture  leads  to  an  efficient,  robust,  fair,  and  conflict  free 
round  robin  scheme.  In  this  round  robin  scheme,  the  time  needed  to 
switch  access  control  from  one  active  user  to  the  other  is  an  end-to-end 
propagation  delay.  Moreover,  a  simple  priority  assessment  mechanism  has 
been  described  which  permits  to  implement  in  the  UBS  architecture  a 
prioritized  round  robin  scheme.  Provided  that  each  subscriber  keeps  one 
bit  of  information  per  priority-class  representing  its  state  in  relation 
to  that  priority  class,  the  conflict-free  round  robin  scheduling  scheme 
is  achieved  for  each  priority  class  independently. 
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Abstract  —  Expressnet  is  a  local  area  communication  network  comprising 
an  inbound  channel  and  an  outbound  channel  to  which  the  stations  are 
connected.  Stations  transmit  on  the  outbound  channel  and  receive  on  the 
inbound  channel.  The  inbound  channel  is  connected  to  the  outbound 
channel  so  that  all  signals  transmitted  on  the  outbound  channel  are 
duplicated  on  the  inbound  channel,  thus  achieving  broadcast  communica¬ 
tion  among  the  stations.  In  order  to  transmit  on  the  bus,  the  stations  utilize 
a  distributed  access  protocol  which  achieves  a  conflict-free  round-robin 
scheduling.  This  protocol  is  more  efficient  than  existing  round-robin 
schemes  as  the  time  required  to  switch  control  from  one  active  user  to  the 
next  in  a  round  is  minimized  (on  the  order  of  a  carrier  detection  time),  and 
is  independent  of  the  end-to-end  network  propagation  delay.  This  improve¬ 
ment  is  particularly  significant  when  the  channel  data  rate  is  so  high,  or  the 
end-to-end  propagation  delay  is  so  large,  or  the  packet  size  is  so  small  as  to 
render  the  end-to-end  propagation  delay  a  significant  fraction  of,  or  larger 
than,  the  transmission  time  of  a  packet.  Moreover,  some  features  of 
Expressnet  make  it  particularly  suitable  for  voice  applications.  In  view  of 
integrating  voice  and  data,  a  simple  access  protocol  is  described  which 
meets  the  bandwidth  requirement  and  maximum  packet  delay  constraint  for 
voice  communication  at  all  times,  while  guaranteeing  a  minimum  bandwidth 
requirement  for  data  traffic.  Finally,  it  is  noted  that  the  voice/data  access 
protocol  constitutes  a  highly  adaptive  allocation  scheme  of  channel  band¬ 
width,  which  allows  data  users  to  recover  the  bandwidth  unused  by  the 
voice  application.  It  can  be  easily  extended  to  accommodate  any  number  of 
applications,  each  with  its  specific  requirements. 

I.  Introduction 

A  great  deal  of  discussion  can  be  seen  in  the  recent 
literature  regarding  local  networks  and  their  applica¬ 
bility  to  many  of  today’s  local  area  communications  needs. 
These  needs  have  primarily  consisted  of  data  communica¬ 
tion  applications  such  as  computer-to-computerdata  traffic, 
terminal-to-computer  data  traffic,  and  the  like.  More  re¬ 
cently,  a  new  line  of  thought  has  been  apparent.  It  is  the 
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desire  to  integrate  voice  communication  on  local  data 
networks.  The  reason  for  this  is  threefold:  1)  voice  is  an 
office  communication  application  just  as  computer  data, 
facsimile,  etc.;  2)  recent  advances  in  vocoder  technology 
have  shown  that  digitized  speech  constitutes  a  digital  com¬ 
munication  application  which  is  within  the  capabilities  of 
local  area  data  networks;  and  3)  today’s  local  network 
architectures  offer  very  elegant  solutions  to  the  local  com¬ 
munications  problem,  from  both  the  viewpoint  of  simplicity 
in  topology  and  device  interconnection,  and  the  viewpoint 
of  flexibility  in  satisfying  growth  and  variability  in  the 
environment.  In  addition  to  voice,  one  may  envision  a 
number  of  other  applications  in  the  office  environment  of 
the  future  which  will  require  much  higher  bandwidth  than 
what  is  offered  in  today’s  systems.  These  include  high 
resolution  graphics  and  video. 

The  local  networks  that  are  available  today  differ  in 
many  aspects:  the  topology,  the  transmission  medium,  the 
signaling  scheme,  the  encoding  scheme,  and  the  multiaccess 
methods.  The  pros  and  cons  of  many  alternatives  have 
been  debated  at  length  at  various  occasions  (such  as,  for 
example,  at  the  IEEE  Local  Network  Standardization 
Committee  meetings).  The  throughput-delay  performance 
of  many  of  these  systems  has  also  been  analyzed.  A  simple 
comparison  of  the  performance  of  these  systems  has  shown 
that  rings  with  a  token-passing  access  scheme  outperform 
all  other  solutions  (see,  for  example,  [1]).  No  attempt  is 
being  made  in  this  paper  to  address  the  issue  of  comparing 
all  these  solutions  from  their  engineering  aspects  or  perfor¬ 
mance.  Instead  we  restrict  ourselves  to  those  schemes 
referred  to  as  broadcast  bus  systems  with  a  passive  trans¬ 
mission  medium  (i.e.,  systems  in  which  the  medium  has  no 
active  electronics). 

While  the  broadcast  bus  networks  available  today  con¬ 
stitute  elegant  solutions  to  the  local  networking  problem, 
they  are  not  without  their  limitations  in  performance. 
Some  of  these  limitations  arise  as  the  characteristics  of  the 
environment  and  data  traffic  requirements  being  supported 
by  these  solutions  deviate  from  those  assumed  in  the 
original  design.  Examples  of  such  characteristics  are:  packet 
length  distribution,  packet  generation  pattern,  channel  data 
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rate,  delay  requirements,  geographical  area  to  be  spanned, 
etc. 

In  Section  II,  we  briefly  review  existing  broadcast  bus 
systems  and  their  underlying  access  protocols.  We  examine 
the  source  of  limitations  in  each  and  characterize  these 
limitations  quantitatively.  We  then  present  in  Section  III  a 
new  proposal,  the  Expressnet,  as  an  alternative.  (See  also 
[20].)  It  is  a  broadcast  bus  system  with  a  passive  transmis¬ 
sion  medium.  Its  access  protocol  is  completely  distributed 
and  achieves  conflict-free  round-robin  scheduling.  In  Sec¬ 
tion  IV  the  performance  of  Expressnet  is  examined.  It  is 
shown  to  be  more  efficient  than  existing  schemes,  over¬ 
comes  their  limitations,  and  provides  a  performance  similar 
to  that  seen  with  token-passirg  rings.  The  details  for  the 
analysis  of  delay  are  not  given  in  this  paper  but  can  be 
found  in  a  companion  paper  [23].  In  Section  V,  we  address 
the  issue  of  voice  communication.  We  show  that  Ex¬ 
pressnet  is  particularly  suitable  for  the  integration  of  voice 
and  data  applications.  We  describe  a  simple  voice/data 
access  protocol  which  meets  the  bandwidth  requirement 
and  maximum  delay  constraint  for  voice  communications 
at  all  times,  whil  •  guaranteeing  a  minimum  bandwidth 
requirement  for  data  traffic.  It  is  noted  here  that  all 
engineering  aspects  of  Expressnet  are  not  addressed  in 
detail  in  this  paper.  The  focus  is  rather  on  the  salient 
features  of  Expressnet,  its  topology  and  its  access  protocol. 

Finally,  we  note  the  existence  of  two  other  systems 
which  have  recently  been  proposed,  which  address  the 
same  objectives  as  Expressnet,  and  which  bear  great  re¬ 
semblance  to  it,  namely,  Fasnet  [2]  and  BID  [3]. 

II.  Broadcast  Bus  Systems  (BBS) 

In  BBS  all  devices  share  a  single  communication  medium, 
typically  a  coaxial  cable,  to  which  they  are  connected  via 
passive  taps.  The  devices  transmit  their  packets  on  the  bus 
according  to  some  common  distributed  access  protocol.  It 
has  been  quite  apparent  that  the  throughput-delay  perfor¬ 
mance  of  these  networks  is  mostly  determined  by  the 
access  protocol  used.  These  protocols  fall  basically  into  two 
categories,  those  which  are  of  the  contention  type  and 
those  which  achieve  conflict-free  scheduling  [4], 

The  most  prominent  example  cf  contention  systems  is 
Ethernet  [5],  [6].  It  uses  carrier  sense  multiple  access  with 
collision  detection  (CSMA-CD).  The  fundamentals  of 
CSMA-CD  are  well  known  and  its  performance  has  been 
extensively  analyzed  [7]— [9].  The  performance  is  a  function 
of  the  ratio 


where  r  denotes  the  end-to-end  propagation  delay  between 
the  two  extreme  users  connected  to  the  bus,  W  denotes  the 
channel  bandwidth  in  bits  per  second,  and  B  is  the  number 
of  bits  per  packet.  Assuming  for  example  an  infinite  popu¬ 
lation  model  in  which  users  become  ready  to  transmit 
according  to  a  Poisson  process,  it  can  be  shown  that  the 


channel  capacity  of  CSMA-CD  is  given  by1  (see  the  Ap¬ 
pendix  for  more  details) 


C(oo,  a) 


1 


1  +  Ha 
I 

(2+  H)a 


a  <  0.5 
a  >  0.5 


(2) 


where  H  is  a  constant  (in  the  neighborhood  of  3-6)  which 
depends  on  the  particular  version  of  the  protocol.  The 
performance  of  CSMA-CD  can  also  be  evaluated  by  con¬ 
sidering  a  finite  population  of  M  users,  among  which  an 
assumed  constant  number  N  is  always  ready  to  transmit.  In 
this  case  the  channel  utilization  is  independent  of  M  and  is 
given  by  (see  the  Appendix  for  more  details) 


C(  A/,  N,a) 


1 

1  +  F(N)a 
1 

[2+ W] 


a 


a  ^  0.5 


(3) 

a  >0.5 


where  again  the  function  F{N)  depends  on  the  particular 
version  of  CSMA-CD.  For  the  slotted  p-persistent  CSMA- 
CD  considered  here  and  in  the  Appendix,  for  example,  we 
have  H  -  5.145  and 


F(N)=  min 

0<p<  i 


4-3(1  ~  p)N  \ 
Np(\  -  p)N  l  /' 


(4) 


Note  that  for  the  same  CSMA-CD  version  lim  v  _  x  F(  N ) 
=  H  and,  as  expected,  (3)  reduces  to  (2)  as  N  -»  oo.  In  Fig. 
1  the  channel  utilization  for  CSMA-CD  is  plotted  versus  a 
for  various  values  of  N.  The  utilization  is  rather  insensitive 
to  N  and  decreases  with  increasing  values  of  a.  The  chan¬ 
nel  capacity  attained  under  heavy  load  is  obtained  by 
setting  N  =  M  in  (3). 

Conflict-free  access  to  the  bus  can  be  obtained  by  means 
of  carrier  sensing.  BRAM,  MSRR.  and  MSAP  are  early 
examples  [10],  [11].  They  provide  round-robin  scheduling 
based  on  the  ability  to  sense  the  end-of-carrier  due  to  a 
transmission  and  to  acquire  knowledge  of  the  identity  of 
the  transmitting  device.  In  BRAM,  for  example,  given  that 
nx  is  the  identity  of  the  node  which  just  completed  trans¬ 
mission,  the  next  node  to  transmit  is  node  n2  such  that 
//(«,,  n2)  is  the  smallest,  where 


'The  results  are  derived  from  a  worst  case  analysis  in  which  the 
propagation  delay  between  any  two  users  is  always  considered  equal  to  t, 
its  maximum  value.  It  is  possible  to  predict  better  performance  if  one  took 
into  account  the  fact  that  the  propagation  delay  is  a  function  of  the 
transmitting  users;  the  result  would  become  dependent  on  the  geo¬ 
graphical  distribution  of  devices  and  the  source-destination  traffic  pat¬ 
tern,  and  would  be  rather  difficult  to  evaluate.  In  order  to  study  the 
limitations  of  the  scheme,  and  in  an  attempt  to  keep  the  results  as  general 
as  possible,  a  worst  case  analysis  is  considered.  (However,  note  that  the 
capacity  of  CSMA-CD  for  a  >  0  5  is  upper  bounded  by  l/2a,  and  this 
bound  still  shows  severe  degradation  as  a  gets  large.)  On  the  other  hand, 
detection  time  is  considered  negligible,  and  the  preamble  is  considered 
part  of  the  packet  transmission  time.  If  one  is  to  compare  these  results  to 
the  performance  of  a  synchronous  system  where  preambles  are  not 
required,  then  these  result's  must  be  discounted  by  the  fraction  of  a  packet 
occupied  by  the  preamble 
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Fig.  1.  Channel  utilization  versus  a  for  CSMA-CD. 


« 


Fig.  2.  Channel  utilization  versus  a  for  BRAM. 

„  i- /  ("i  “  "2  ^  if  nx*nz 

(5) 

This  transmission  takes  place  min,^  H(nl,n2)r  seconds 
following  the  end  of  the  previous  transmission.  At  the  next 
end  of  carrier  the  procedure  is  repeated.  Given  M  users  in 
total  among  which  a  constant  number  N  is  always  ready  to 
transmit,  and  neglecting  detection  time  and  processing 
delays,  the  channel  utilization  from  BRAM  is  given  by2 

C(M,N,a)~ - 1—~.  (6) 

1+ Nfl 

Note  that,  contrary  to  CSMA-CD,  the  channel  utilization 
in  BRAM  is  function  of  the  total  population  size  M. 
Accordingly,  BRAM  is  rather  inefficient  if  M  is  large  and 
the  number  of  busy  users  is  small.  In  Fig.  2,  the  channel 

2  Note  that  we  considered  here,  as  in  [10],  that  a  slot  size  equal  to  r 
seconds  is  sufficient  to  accomplish  the  scheduling  task;  hence  (6).  In 
reality,  however,  we  note  that  it  takes  anywhere  from  0  to  2r  seconds  in 
order  to  1)  detect  end-of-carrier  and  2)  guarantee  that  all  other  users  hear 
the  presence  or  absence  of  carrier  due  to  the  next  user  in  line,  depending 
on  the  geographical  locations  of  the  users  and  their  logical  ordering.  Thus. 
(6)  is  not  the  most  pessimistic  expression  one  may  derive  for  the  capacity 
of  BRAM;  a  lower  bound  is  obtained  by  replacing  a  in  (6)  by  2 a 


INBOUND  CHANNEL 


1  2  M 


Fig.  3.  Topology  of  UBS-RR. 


utilization  for  BRAM  is  plotted  versus  a  for  various  values 
of  the  ratio  N/M.  The  channel  capacity  attained  under 
heavy  load  is  1  /(I  +  a). 

A  recent  type  of  network  which  achieves  conflict-free 
round-robin  scheduling,  yet  overcomes  the  dependence  on 
A/  is  the  so-called  unidirectional  broadcast  system  (UBS) 
type,  which  uses  a  unidirectional  transmission  medium 
[12],  [13].  Broadcast  communication  is  then  achieved  by 
various  means,  such  as  folding  the  cable  or  repeating  all 
signals  on  a  separate  channel  (or  frequency)  in  the  reverse 
direction,  so  that  signals  transmitted  by  any  user  reach  all 
users  on  the  reverse  path.  Thus,  the  system  may  be  con¬ 
sidered  as  consisting  of  two  channels:  the  outbound  chan¬ 
nel  which  all  users  access  in  order  to  transmit,  and  the 
inbound  channel  which  users  access  in  order  to  read  the 
transmitted  information.  The  propagation  delays  between 
the  two  extreme  users  on  the  outbound  and  inbound 
channels  are  the  same  and  are  denoted  by  t  seconds.  Since 
the  access  scheme  in  Expressnet  is  an  improved  version  of 
UBS’s  round-robin  scheme  described  in  [12],  we  give  here 
a  brief  description  of  the  latter.  The  topology  is  shown  in 
Fig.  3.  The  (round-robin)  access  scheme  works  as  follows. 
A  user  who  has  a  message  to  transmit  is  said  to  be 
backlogged.  Otherwise  it  is  said  to  be  idle.  In  addition, 
with  respect  to  a  given  round,  any  user  may  be  either 
ACTIVE  if  it  has  not  yet  transmitted  in  the  current  round 
or  DORMANT  if  it  has.  A  user  who  is  idle  or  DORMANT 
does  not  contend  for  the  channel.  An  ACTIVE  backlogged 
user  contends  for  the  channel  as  follows. 

1)  Wait  for  the  next  end-of-carrier  on  the  inbound  chan¬ 
nel  (EOC(IN))  due  to  a  message  transmission. 

2)  Transmit  a  short  burst  of  unmodulated  carrier  and 
listen  to  the  outbound  channel  for  a  period  of  time  equal  to 
the  time  that  it  takes  for  EOC(IN)  to  propagate  to  the  end 
of  the  inbound  channel  and  then  for  a  possible  reservation 
burst  from  the  beginning  of  the  outbound  channel  to 
propagate  to  this  user. 

3)  If  the  outbound  channel  is  sensed  idle  during  this 
entire  period  then  transmit  the  packet  and  go  to  the 
DORMANT  state.  Otherwise  repeat  the  algorithm. 

It  is  clear  that  according  to  this  algorithm  only  one  user 
transmits  at  a  time  conflict-free.  Since  DORMANT  users 
do  not  contend  for  the  channel,  we  are  assured  that  no  user 
will  transmit  more  than  one  message  in  a  round  and,  thus, 
fair  scheduling  is  attained.  Looking  at  the  activity  on  the 
inbound  channel,  one  will  observe  that  the  time  separating 
two  consecutive  packets  in  the  same  round  is  one  round-trip 
delay  (2t  seconds),  assuming  the  delay  between  the  trans¬ 
mit  and  receive  tap  of  the  most  downstream  user  is  equal 
to  zero.  When  the  inbound  channel  is  observed  idle  for 
longer  than  this  time,  then  it  means  that  ail  users  are  either 
idle  or  DORMANT.  This  indicates  the  end  of  a  round,  at 
which  time  all  DORMANT  users  set  their  state  to  AC- 
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TIVE  and  contend  for  the  channel  starting  at  step  2  in  the 
above  algorithm.  Since  the  channel  remains  idle  for  one 
round-trip  delay  before  DORMANT  users  reset  their  state 
to  ACTIVE,  a  total  idle  period  of  two  round-trip  delays 
between  two  consecutive  rounds  will  result.  Given  that  N 
users  out  of  M  are  always  ready  to  transmit,  the  channel 
utilization  for  the  UBS-RR  scheme  is  independent  of  M 
and  is  given  by 


C(M,  N,a) 


2  a 

l+la  +  T 


The  channel  utilization  for  UBS-RR  is  plotted  in  Fig.  4 
versus  a  for  various  values  of  N.  As  in  CSMA-CD  the 
capacity  is  not  sensitive  to  N  and  decreases  as  a  increases. 
While  with  CSMA-CD  the  capacity  degrades  as  N  increases, 
with  UBS-RR  the  opposite  is  true.  The  round-robin  algo¬ 
rithm  just  described  can  be  achieved  on  a  bidirectional 
broadcast  bus  by  using  an  additional  unidirectional  control 
wire  to  schedule  transmissions  [14],  The  performance  of 
such  a  system  is  expected  to  be  equivalent  to  that  of 
UBS-RR. 

Another  conflict  free  access  scheme  for  a  bidirectional 
bus  which  uses  a  control  wire  is  DSMA  [15].  Users  request 
bus  allocation  by  transmitting  their  respective  addresses 
serially  (and  synchronously  as  well  as  simultaneously)  on 
the  control  wire.  The  latter  acts  as  an  or  circuit  allowing 
the  active  user  with  the  highest  address  to  be  identified  and 
to  be  given  access  right.  This  user  transmits  on  the  bus  as 
soon  as  the  latter  becomes  free,  i.e.,  following  the  end  of 
carrier  of  the  current  transmission.  With  M  users  in  total, 
the  number  of  bits  in  a  binary  address  is  flog2(vt/  + 1)] 
(the  “0”  address  being  used  to  indicate  end  of  a  cycle). 
Given  the  system  description  in  [15]  and  ignoring  the 
bandwidth  required  for  the  control  wire,  it  can  be  easily 
shown  that  the  channel  utilization  is  given  by 


C(M.  V,a)  = 


flog2(A/  +  l)]a-l 


[log2(J/  +  l)l 
1  2 
flog2( M  +  1)]  flog2(M  +  l)] 


l  +  ^)flog2(M  +  l)]a 


The  channel  utilization  for  DSMA  is  plotted  in  Fig.  5  for 
various  values  of  M  and  the  ratio  N/M.  We  note  that  the 
capacity  degrades  with  increasing  values  of  M  However, 
contrary  to  BRAM,  when  M  is  not  too  small  ( M  =  100  or 
1000)  the  channel  capacity  is  rather  insensitive  to  the  ratio 
N/M.  When  a  is  not  too  high  (a  <  0.2),  DSMA  is  superior 
to  all  schemes  discussed  above  (achieving  a  capacity  equal 
to  or  close  to  1),  but  as  a  increases,  DSMA  suffers  similar 
degradation  in  capacity. 

For  the  systems  and  applications  contemplated  at  the 
present  time,  the  parameter  a  does  not  exceed  1.  Using 


"  flog2(Af  +  1)|  ' 

for  the  various  delays  through  interface  components  as 
given  in  [6],  one  finds  that  a  good  estimate  for  r  is  10  /is  for 
each  km  of  cable  (assuming  one  repeater  for  each  500  m  of 
cable).  For  1  km  cable,  W  - 10  Mbits/s  and  5  =  1000,  we 
get  a  -  0.1.  For  such  a  value,  all  schemes  discussed  above 
provide  somewhat  adequate  channel  capacity,  0.65  or 
higher.  If  one  increases  the  bandwidth  to  100  Mbits/s, 
then  a  increases  to  1.  If  furthermore  5-100  bits,  then  a 
becomes  10,  etc.  Thus,  given  the  future  needs  in  local 
communications  (voice,  graphics,  video,  etc.),  one  sees  that 
a  number  of  combinations  for  the  values  of  the  three 
parameters  W,  5,  and  r  may  lead  to  larger  values  of  a  such 
as  1,  10,  or  even  100,  for  which  the  existing  schemes 
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comes  these  limitations  and  provide  superior  performance 
for  small  and  large  values  of  a. 

III.  The  Expressnet 

As  with  the  UBS  architecture,  Expressnet  is  a  broadcast 
communication  system  comprising  an  outbound  channel 
and  an  inbound  channel,  a  plurality  of  stations  connected 
to  both  the  outbound  and  inbound  channels,  transmitting 
on  the  outbound  channel  and  receiving  on  the  inbound 
channel.  Transmitters  on  the  outbound  channel  are  consid¬ 
ered  to  be  of  the  unidirectional  type  rendering  the 
Expressnet  a  UBS.  (See  Fig.  3.)  The  communication 
medium  constituting  the  outbound  and  inbound  channels 
may  be  a  twisted  pair,  a  coaxial  cable,  an  optical  fiber,  or  a 
waveguide.  The  channel  access  protocol  for  transmission 
on  the  outbound  channel  is  based  upon  the  round-robin 
scheme  described  for  the  UBS  architecture  with  the  ad¬ 
vantage  of  utilizing  the  channel  bandwidth  more  efficiently 
than  the  RR  algorithm  even  when  a  is  large. 

The  gist  is  basically  the  following.  Contrary  to  the  RR 
algorithm  where  the  time  reference  used  in  determining  the 
right  of  way  is  the  end-of-carrier  on  the  inbound  channel 
(EOC(IN)),  in  the  express  access  protocol  the  time  refer¬ 
ence  used  is  the  end-of-carrier  on  the  outbound  channel 
(EOC(OUT)).  The  mechanism  used  in  determining  the 
access  right  to  users  in  a  given  round  is  thus  made  indepen¬ 
dent  of  the  propagation  delay  r,  thus  decreasing  the  gaps 
between  consecutive  transmissions  to  values  on  the  same 
order  as  the  time  needed  to  detect  carrier.  Second,  the  idle 
time  separating  two  consecutive  rounds  is  kept  as  small  as 
a  round-trip  propagation  delay.  The  details  of  the  scheme 
are  as  follows. 

A.  The  Events  EOC(IN)  and  EOC(OUT) 

Let  the  Boolean  function  c(t,  OUT)  be  defined  as 

1 1  if  carrier  is  detected  present  on  the 

c(t,  OUT)  =  (  outbound  channel  at  time  t 

1 0  otherwise. 

Note  that  c(r,  OUT)  signals  the  presence  or  absence  of 
carrier  with  a  delay  of  td  seconds,  where  td  is  the  time 
required  for  the  detection  operation.  It  is  assumed  here 
that  the  carrier  detector  is  placed  very  close  to  the  channel. 
(Other  arrangements  are  also  possible  as  set  forth  below.) 
The  event  EOC(OUT)  is  said  to  occur  when  c(t,  OUT) 
undertakes  a  transition  from  1  to  0.  In  a  similar  way  c(t, 
IN)  and  EOC(IN)  are  defined. 

B.  Transmission  Units  (TU) 

In  an  asynchronous  mode  of  operation  of  Expressnet,  a 
transmission  unit  consists  of  a  preamble  followed  by  the 
information  packet  itself.  Transmission  units  and  informa¬ 
tion  packets  may  be  of  fixed  or  variable  size.  The  preamble 
is  for  synchronization  purposes  at  the  receivers.  It  is  suffi¬ 
ciently  long  for  the  receivers  to  detect  presence  of  the  unit, 
and  then  to  synchronize  with  bit  and  packet  boundaries. 


C.  Bus  Transceivers 

For  every  station  in  the  system,  the  transmit  tap  is 
connected  to  the  outbound  channel  while  the  receive  tap  is 
connected  to  the  inbound  channel.  The  transmit  tap  is 
unidirectional.  If  the  transmission  medium  is  a  coaxial 
cable,  then  the  transmit  tap  is  identical  to  that  seen  in 
CATV  installations.3  Other  media  such  as  optical  Fibers  are 
inherently  unidirectional  in  nature.  In  addition  to  transmit¬ 
ting  on  the  outbound  channel,  one  of  the  basic  features 
required  for  the  UBS-RR  algorithm  and  the  express  access 
protocol  is  the  ability  for  each  station  to  sense  the  carrier 
due  to  transmissions  b>  stations  on  the  upstream  side  of  its 
transmitter.  As  in  Ethernet,  line  amplifiers  may  have  to  be 
incorporated  on  the  medium  in  order  to  regenerate  the 
signal.  The  spacing  of  such  amplifiers  is  determined  by  the 
attenuation  characteristics  of  the  medium  as  well  as  the 
taps. 

D.  Basic  Mechanism  to  Transmit  Transmission  Units 

A  station  S,,  which  senses  the  outbound  channel  busy, 
waits  for  EOC(OUT).  Immediately  following  the  detection 
of  EOC(OUT),  it  starts  transmission  of  its  unit.  Simulta¬ 
neously,  it  senses  carrier  on  the  outbound  channel  (on  the 
upstream  side  of  its  transmit  tap).  If  carrier  is  detected 
(which  may  happen  in  the  first  td  seconds  of  the  transmis¬ 
sion,  and  which  means  that  some  station  Sj  with  a  lower 
index  has  also  started  transmission  following  its  detection 
of  EOC(OUT)),  then  station  5,  immediately  aborts  its 
current  transmission.  Otherwise,  it  completes  the  transmis¬ 
sion  of  its  unit.  Note  that  all  ready  stations  which  detect 
EOC(OUT)  act  as  described  above.  The  only  station  to 
complete  transmission  is  the  one  with  the  lowest  index, 
among  those  ready  stations  which  were  able  to  detect 
EOC(OUT).  Clearly,  during  and  following  the  transmis¬ 
sion  of  its  TU,  a  station  will  sense  the  outbound  channel 
idle,  and  therefore  will  encounter  no  EOC(OUT).  and  w  .11 
not  be  able  to  transmit  another  TU  in  the  current  round. 
Thus,  in  this  mechanism,  there  is  no  need  to  distinguish 
between  DORMANT  and  ACTIVE  states,  as  required  in 
the  UBS-RR  algorithm. 

Note  that  the  possible  overlap  among  several  transmis¬ 
sion  units  is  limited  to  the  first  td  seconds  of  these  trans¬ 
missions.  It  is  expected  that  the  loss  of  the  first  td  seconds 
of  the  preamble  of  the  nonaborted  transmission  will  not 
jeopardize  the  synchronization  process  at  the  receivers. 
According  to  the  above  basic  mechanism,  two  consecutive 
transmission  units  are  separated  by  a  gap  of  duration  td 
seconds,  the  time  necessary  to  detect  EOC(OUT). 

The  succession  of  transmission  units  transmitted  in  the 
same  round  is  called  a  train.  A  train  can  be  seen  by  a 
station  on  the  outbound  channel  only  as  long  as  the  TU’s 
in  it  are  being  transmitted  by  stations  with  lower  indexes. 
A  train  generated  on  the  outbound  channel  is  entirely  seen 
by  all  stations  on  the  inbound  channel.  Since  there  is  a  gap 
of  duration  td  seconds  between  consecutive  TU’s  within  a 


’Due  lo  (heir  widespread  use,  such  unidirectional  laps  are  commonly 
available,  reliable,  and  relatively  inexpensive  (16). 
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train,  the  detection  of  presence  of  a  train  on  the  inbound 
channel  can  be  best  achieved  by  defining  the  new  Boolean 
function  TRAINfr,  IN)  =  c(r  -  td,  IN)+  c{t,  IN).  Clearly 
we  have 


TRAIN(f,  IN) =  (q 


as  long  as  a  train  is  in  progress 
otherwise. 


The  transition  TRAIN(f,  IN):  1  -*0  defines  the  end  of  a 
train  (EOT(IN)),  and  the  transition  TRAIN(/,  IN):  0  -*  1 
defines  the  beginning  of  a  train  (BOT(IN)). 


E.  The  Topology  of  Expressnet 

After  the  last  TU  in  a  train  has  completed  transmission, 
a  mechanism  is  needed  to  start  a  new  train  of  transmission 
units.  Clearly,  it  is  essential  that  this  mechanism  gives 
access  right  to  the  ready  station  with  the  lowest  index.  One 
may  use  a  mechanism  similar  to  the  UBS-RR  algorithm 
itself.  (That  is,  as  soon  as  EOT(IN)  is  detected,  a  ready 
station  operates  as  in  step  2  of  the  UBS-RR  algorithm.) 
The  drawback  of  this  approach  is  twofold:  the  mechanism 
needed  to  initiate  a  new  train  is  different  from  the  basic 
transmission  mechanism  and  the  implementation  of  the 
scheme  in  each  station  is  made  dependent  on  the  position 
of  the  station  (as  required  by  step  2  of  the  UBS-RR 
algorithm).  A  better  solution  can  be  obtained  by  guarantee¬ 
ing  that  the  event  EOT(IN)  visits  the  receivers  in  the  same 
order  as  the  stations’  indexes,  which  is  also  the  order  in 
which  they  can  transmit.  This  is  achieved  if  the  inbound 
channel  is  such  that  signals  on  it  propagate  in  the  same 
direction  as  on  the  outbound  channel. 

Thus,  we  consider  the  network  topology  to  comprise  an 
outbound  channel  and  an  inbound  channel  which  are 
parallel  and  on  which  signals  propagate  in  the  same  direc¬ 
tion  (i.e.,  visiting  stations  in  the  same  order),  and  a  connec¬ 
tion  between  the  outbound  channel  and  the  inbound  chan¬ 
nel  to  allow  the  broadcast  of  all  outbound  signals  on  the 
inbound  channel.  The  propagation  delay  along  the  connec¬ 
tion  rc  is  anywhere  between  0  and  r  seconds  (where  r  is 
again  the  end-to-end  propagation  delay  on  the  outbound 
or  inbound  channel),  depending  on  the  geographical  distri¬ 
bution  of  the  users  and  the  way  the  inbound  and  outbound 
channels  are  connected.  The  minimum  of  zero  seconds  is 
obtained,  for  example,  if  the  inbound  and  outbound  chan¬ 
nels  have  a  loop  shape  (or,  more  generally  speaking,  the 
stations  with  the  lower  and  highest  indexes  are  colocated), 
as  illustrated  in  Fig.  6(a).  The  maximum  of  r  seconds  is 
observed  if  the  connection  cable  is  made  parallel  to  the 
inbound  and  outbound  channels,  as  shown  in  Fig.  6(b).  In 
all  cases,  the  propagation  delay  between  the  outbound  tap 
and  inbound  tap  for  all  stations  is  fixed  and  equal  to 
T  +  V 

The  major  feature  of  this  topology  rests  on  the  fact  that, 
when  the  inbound  channel  is  made  exactly  parallel  to  the 
outbound  channel,  the  event  EOT(IN),  used  by  all  stations 
as  the  synchronizing  event  to  start  a  new  train,  will  reach 
any  station  exactly  at  the  same  time  as  the  carrier  on  the 
outbound  channel  due  to  a  possible  transmission  by  a 
station  with  a  lower  index.  This  helps  resolve  the  overlap  of 
sevcrnl  transmissions  at  the  hesinnine  of  a  train  in  iust  the 


OUTBOUND 

CHANNEL 


(a) 


INBOUND  CHANNEL 


( - 

— * 

Z) 

1 

0UT80UND 

Channel 

u  □  □  u 


12  3  M 

(b) 

Fig.  6.  Examples  of  Expressnet  topologies. 
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Fig.  7.  Signals  and  events  as  observed  by  station  j,  assuming  that 
stations  with  indexes  t,  <  i2  <  j  <  if  are  nonidle. 

same  manner  as  the  resolution  obtained  in  the  basic  mech¬ 
anism  for  transmitting  TU’s.  This  mechanism  again  allows 
the  ready  station  with  the  lowest  index  to  be  the  first  to 
complete  transmission  of  its  TU,  and  following  that  the 
new  train  will  take  its  normal  course.  The  time  gap  be¬ 
tween  two  consecutive  trains,  defined  as  the  time  between 
the  end  of  the  last  TU  in  a  train  and  the  beginning  of  the 
first  TU  in  the  subsequent  train,  is  now  t  +  tc  +  2 td  sec¬ 
onds.  (See  Fig.  7.) 

F.  The  Cold-Start  Procedure,  and  Keeping  the  Expressnet 
“ALIVE" 

The  above  algorithm  and  mechanisms  are  valid  only  if 
there  are  always  events  to  which  actions  are  synchronized, 
namely  EOC(OUT)  and  EOT(IN).  This  assumes  that  at  all 
times  some  station  is  ready,  and  therefore,  trains  contain  at 
least  one  TU  and  are  separated  by  gaps  of  fixed  duration 
r  +  rc  +  2 td.  When  this  is  not  the  case,  the  idle  time  on  the 
inbound  channel  exceeds  t  +  rc  +  2 td  seconds.  A  station 
which  becomes  ready  at  time  f0  such  that  1)  TRAIN  (f0, 
OUT)  =  0  (thus  indicating  that  no  EOC(OUT)  will  be 
encountered  to  synchronize  action  to)  and  2)  TRAIN  (f, 
IN)  *  0  during  the  entire  period  of  time  [r0,  t0  +  r  +  r(  +  td] 
(thus  indicating  that  no  EOT(IN)  will  be  detected)  has  to 
undertake  the  so-called  cold-start  procedure.  This  proce¬ 
dure  must  be  desiened  such  that  if  executed  bv  several 
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Fig.  8  Signals  and  evenls  as  observed  at  station  j  undertaking  a  cold- 

start. 

stations  becoming  ready  under  these  conditions,  it  leads  to 
a  single  synchronizing  event  to  be  used  as  a  time  reference, 
followed  then  by  an  orderly  conflict-free  operation  of  the 
network. 

The  simple  one  proposed  here  consists  of  the  following. 
Once  a  station  has  determined  that  a  cold-start  procedure 
is  needed,  it  transmits  continuously  an  unmodulated  car¬ 
rier  (called  PILOT)  until  BOT(IN)  is  detected.  At  this  time 
the  station  aborts  transmission  of  the  pilot.  It  then  waits 
for  EOT(IN)  (consisting  of  the  end  of  the  pilot)  and  uses 
that  event  as  the  synchronizing  event.  (Of  course,  an  alter¬ 
native  could  be  to  use  the  BOT(IN)  due  to  the  pilot  as  the 
synchronizing  event.)  It  is  possible  that  pilots  transmitted 
by  several  users  overlap  in  time.  This,  however,  will  cause 
no  problem.  Note  that  as  long  as  pilots  are  aborted  as  soon 
as  BOT(IN)  is  detected ,  it  is  guaranteed  that  the  resulting 
PILOT  as  observed  on  the  inbound  channel  is  continuous 
and  of  length  r  +  rc  +  td  seconds.  Following  its  end,  there 
will  be  the  normal  gap  of  size  r  +  rf  +  2 td  before  a  TU 
follows.  (Of  course,  this  gap  is  absent  if  BOT(IN)  is  used  as 
the  synchronizing  event.) 

Assume  that  no  station  is  ready  when  EOT(IN)  is  de¬ 
tected.  The  network  is  then  said  to  go  empty.  The  first 
station  to  become  ready  when  the  network  is  empty,  spends 
t  +  rt  +  tj  seconds  to  determine  the  empty  condition,  by 
examining  TRAlNft,  IN),  after  which  it  starts  transmission 
of  the  pilot.  Then  it  takes  between  r  +  td  and  r  +  rc  +  tu 
seconds  before  it  detects  BOT(IN).  (The  minimum  t.  +  td  is 
observed  if  the  station  in  question  is  the  lowest  index 
station,  and  the  highest  index  station  happened  to  become 
ready  exactly  at  the  same  time.)  Regardless  of  which  is  the 
case,  following  BOT(IN)  a  pilot  of  length  t  +  r .  +  tj  sec¬ 
onds  is  observed  on  the  inbound  channel,  followed  by  the 
gap  of  r  +  r  +2 tj  seconds  and  then  the  transmission  unit. 
Therefore,  with  the  use  of  the  PILOT,  the  time  between  the 
moment  at  which  the  first  station  becomes  ready  in  an 
empty  network  and  the  moment  at  which  the  next  EOT(IN) 
(due  to  the  end  of  PILOT,  and  representing  the  synchroniz¬ 
ing  event)  reaches  the  lowest  index  station  is  between 
2t  +  3t(  +4tj  and  3(t  +  r  )  +  4td  seconds.  This  is  the  time 
needed  to  start  a  new  round  and  is  to  be  compared  to 
T  +  r  +2 td  which  is  the  time  needed  when  the  network 
does  not  become  empty  Fig.  8  shows  the  timing  of  the 
cold-start  procedure  when  only  one  station  becomes  ready. 

To  avoid  the  cold-start  operation  each  time  the  network 
goes  cmplv.  one  needs  to  guarantee  that,  as  long  as  some 


stations  may  still  become  ready  in  the  future,  synchroniz 
ing  events  [namely,  EOT(IN))  are  created  artificially  by  a 
such  stations.  More  precisely,  we  consider  a  station  to  be  i 
one  of  two  states:  DEAD  or  ALIVE.  A  station  which  is  it 
the  ALIVE  state  has  responsibility  to  perpetuate  the  ex 
istence  of  the  synchronizing  event  EOT(IN)  for  as  long  a: 
it  remains  in  that  state.  To  accomplish  this,  each  timi 
EOT(IN)  is  detected,  the  station  transmits  a  short  burst  o 
unmodulated  carrier,  of  duration  sufficiently  long  to  b< 
very  reliably  detected  (i.e.,  of  a  duration  of  at  least 
seconds).  Such  a  burst  is  called  LOCOMOTIVE.  If  th< 
train  were  to  be  empty  (i.e.,  no  stations  were  to  be  read) 
when  EOT(IN)  is  detected),  now  the  LOCOMOTIVE  con¬ 
stitutes  the  TRAIN,  and  EOT(IN)  is  guaranteed  to  tak< 
place.  Clearly,  if  some  station  which  is  ALIVE  is  als< 
ready,  then  immediately  following  the  LOCOMOTIVE,  i 
initiates  transmission  of  its  TU  and  follows  the  transmis 
sion  mechanism  giving  access  right  to  the  lowest  index.  Th< 
network  is  said  to  be  ALIVE  if  at  least  one  station  in  th< 
network  is  ALIVE;  otherwise  it  is  said  to  be  DEAD.  A 
station  is  said  to  be  in  the  DEAD  state  if  it  is  not  engaging 
in  keeping  the  network  ALIVE  and,  therefore,  is  pro 
hibited  from  transmitting  any  TU.  To  be  able  to  transmit, 
a  station  has  to  become  ALIVE.  For  a  DEAD  station  to 
become  ALIVE,  it  must  first  determine  whether  the  net¬ 
work  is  ALIVE  or  not.  Letting  t  denote  the  time  at  which  a 
dead  station  wishes  to  become  ALIVE,  the  network  is 
determined  ALIVE  if  a  train  is  detected  on  the  inbound 
channel  anytime  in  the  interval  [r,  t  +  t  +  rc  +  t d\.  Other¬ 
wise,  it  is  determined  DEAD.  If  the  network  is  determined 
ALIVE,  then  the  station  simply  switches  to  the  ALIVE 
state  and  acts  accordingly.  Otherwise,  it  executes  the  cold- 
start  procedure  following  which  it  becomes  ALIVE. 

A  station  which  is  ALIVE  can  be  either  READY  or 
NOT-READY  at  any  moment.  This  is  determined  by  the 
state  of  its  transmit  buffer,  empty  or  nonempty.  To  that 
effect,  we  define  for  each  station  a  function  TB(r)  as 


TB(r) 


if  its  transmit  buffer  is  nonempty 
otherwise. 


An  ALIVE  station  which  becomes  ready  does  not  have  to 
wait  for  EOT(IN)  to  undertake  the  attempts  to  transmit  its 
packet.  In  fact,  if  an  outbound  train  is  observed,  the 
station  synchronizes  transmissions  with  EOC(OUT).  If, 
however,  at  the  time  it  becomes  ready,  no  train  is  observed 
on  the  outbound  channel,  then  EOT(IN)  is  the  synchroniz¬ 
ing  event. 


G.  The  Express  Access  Protocol 


We  have  defined  above  c(r,  OUT).  c(r,  IN).  TRAINO, 
IN).  TB(r).  BOT(IN).  EOT(IN),  EOC(IN),  and 
EOC(OUT).  We  now  define  CTX  as  the  event  correspond¬ 
ing  to  the  completion  of  transmission  of  the  current  TU. 
given  that  such  a  transmission  has  been  initiated.  We  also 
define  TIME-OUT  (a)  as  the  event  corresponding  to  the 
completion  of  a  period  of  time  of  duration  a,  starting  the 
clock  at  the  time  when  waiting  for  the  event  is  initiated. 
From  the  above  discussion,  we  may  define  PILOT  as  a 
continuous  unmodulated  carrier,  and  LOCOMOTIVE  as 
an  unmodulated  carrier  of  duration  td. 
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We  consider  that  initially  station  A'  is  in  the  DEAD 
state.  Upon  command  (for  bringing  the  station  to  the  state 
ALIVE  and  eventually  for  transmission  of  data),  the  fol¬ 
lowing  basic  algorithm  is  executed. 

Step  l:  [Check  whether  the  Expressnet  is  ALIVE  or  not. 
If  it  is,  then  proceed  with  Step  2,  otherwise  undertake  the 
“cold-start”  procedure  and  then  proceed  with  Step  2.)  If 
TRAIN  ( r,  IN)«1  (i.e.,  the  Expressnet  is  already  ALIVE.) 
go  to  Step  2.  Otherwise,  wait  for  the  first  of  the  following 
two  events:  BOT(IN)  or  TIME-OUT  ( t  +  rc  +  td ).  If 
BOT(IN)  occurs  first  (then  again  it  means  that  the  Ex¬ 
pressnet  is  ALIVE),  go  to  Step  2.  If  on  the  contrary 
TIME-OUT  ( t  +  rf  +  tj )  occurs  first  (indicating  that  the 
Expressnet  is  not  ALIVE),  transmit  PILOT  immediately  at 
the  occurrence  of  TIME-OUT  (  t  +  rc  +  td ),  and  maintain 
transmitting  it  until  BOT(IN)  is  detected,  at  which  time 
abort  transmission  of  PILOT  and  proceed  with  Step  2. 

Step  2:  Wait  for  the  first  of  the  following  two  events: 
EOC(OUT)  and  EOT(IN).  If  EOC(OUT)  occurs  first  then 
go  to  Step  4.  Otherwise,  go  to  Step  3. 

Step  3:  [A  new  train  has  to  be  stated.]  Transmit  a 
LOCOMOTIVE,  and  go  to  Step  4. 

Step  4:  [Determine  the  current  state  of  the  station.  If  it 
is  ready,  then  attempt  transmission  of  the  TU  packet.]  If 
TB (t)  =  0  go  to  Step  2.  Otherwise,  initiate  transmission  of 
the  TU.  If  td  seconds  later  c(t,  OUT)  =  1  (meaning  it  is  not 
station  X’s  turn),  then  abort  transmission  and  go  to  Step  2. 
Otherwise,  complete  transmission  of  the  packet  and  go  to 
Step  2. 

In  Fig.  9  we  present  the  flowchart  of  this  basic  algo¬ 
rithm.  In  Fig.  10  we  give  the  diagram  for  a  finite  state 
machine  which  performs  the  algorithm.  It  contains  seven 
states.  The  states  labeled  £>j,  D2,  and  Z)3  are  assumed  when 
the  station  is  DEAD  and  is  in  the  process  of  becoming 
ALIVE;  the  states  labeled  Ax-A4  are  assumed  when  the 
station  is  ALIVE.  Each  possible  transition  is  labeled  by  the 
combination  of  events  which  causes  the  transition,  fol¬ 
lowed  by  the  action  taken. 


Clearly,  the  channel  capacity  attained  under  heavy  traffic 
is  given  by  (10)  where  N  =  M. 

It  has  been  assumed  above  that  the  carrier  detector  and 
transmit  logic  of  a  station  are  collocated  with  its  taps  on 
the  channel.  Accordingly,  the  time  it  takes  for  the  station’s 
logic  to  respond  to  any  of  the  four  events  EOC(OUT), 
EOT(lN),  BOC(IN),  and  BOC(OUT)  is  just  the  detection 
time  td.  This  is  how  implementation  is  expected  to  be. 
However,  when  this  is  not  the  case  then  adjustments  in  the 
protocol  and  its  performance  analysis  have  to  be  made  to 
take  into  account  the  propagation  delay  between  a  station 
and  its  tap.  Let  t,  seconds  denote  the  maximum  such  delay 
over  all  stations.  By  a  simple  argument  it  can  be  shown 
that  it  takes  a  station  td  +  2r,  seconds  to  respond  to  the 
occurrence  of  any  of  the  above-mentioned  events  on  the 
channel.  Note  also  that  the  possible  overlap  among  several 
transmission  units  is  now  equal  to  2r,  +  td  instead  of  just 
td,  meaning  that  the  preamble  length  has  to  be  increased 
by  2t,IV  bits,  an  additional  overhead  which  needs  to  be 
f.iken  into  account  in  the  performance  analysis.  Denoting 


IV.  Performance  Analysis 

In  this  section  we  examine  the  performance  of  the 
express  access  protocol  and  compare  it  to  that  obtained 
with  the  schemes  of  Section  II.  The  channel  utilization  is 
evaluated  as  the  ratio  of  the  average  time  in  a  train  spent 
for  data  transmission  to  the  average  time  separating  the 
start  of  two  consecutive  trains.  Given  that  N  stations  are 
always  busy,  the  channel  utilization  is  independent  of  the 
total  number  of  stations  M  and  is  given  by 


N(T  +  td)+r  +  rc  +  2td 

where  the  additional  td  seconds  in  the  intertrain  gap  is  due 
to  the  existence  of  the  LOCOMOTIVE.  Neglecting  td  in 
comparison  to  T  and  r,  and  taking  rc  =  r,  (9)  is  rewritten  in 
terms  of  a  -  r/  T  as 


C( M,  N,a) 


.  A.  U 

1  +  — 
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Fig.  10.  Finite  state  machine  implementing  the  express  access  protocol. 


by  tg  the  gap  between  two  consecutive  transmission  units 
in  a  train,  and  by  tm  the  maximum  duration  of  overlap 
among  several  transmission  units,  the  throughput  with  N 
stations  always  busy  is  then  given  by 


C  = 


_ NT _ 

N(T  +  tg  +  tm-td)  +  r  +  rc  +  tg  +  td 


(ID 


where  tg  =  rov  =  2 r,  +  td.  Neglecting  td  in  comparison  to  T 
and  r,  and  letting  rc  =  r,  (11)  reduces  to 


C 


1 


IZi  +  il 

T  NT 


(12) 


As  the  introduction  of  r,  causes  degradation  in  channel 
throughput,  one  may  conceive  placing  the  critical  functions 
of  carrier  detection  and  transmission  abortion  in  the  trans¬ 
ceiver  (close  to  the  channel);  then  tm  can  be  kept  as  small 
as  td,  and  (12)  now  becomes 


C 


1 


(13) 


Note  that  the  introduction  of  r,  calls  for  slight  modifica¬ 
tions  to  the  various  parameters  used  in  the  above  descrip¬ 
tion  of  the  algorithm. 

In  Fig.  11  we  plot  the  channel  utilization  C(M,N,a) 
versus  a  for  various  values  of  N.  In  this  figure  we  neglect  td 
and  let  rc  -  r.  Contrary  to  CSMA-CD  or  UBS-RR,  the 
channel  utilization  is  not  insensitive  to  N,  and  improves 
with  increasing  values  of  N.  For  large  a,  a  high  utilization 
is  achieved  only  if  N  is  large.  However,  even  in  the  worst 
case  N  - 1,  Expressnet  performs  at  least  as  good  as,  if  not 
better  than,  all  schemes  considered  in  Section  II.  Indeed, 
the  curve  labeled  A  - 1  in  Expressnet  coincides  with  the 


Fig.  11.  Channel  utilization  and  bandwidth  acquired  per  station  versus 
a  for  Expressnet. 

curve  with  the  same  label  in  CSMA-CD  when  a  0.5,  but 
is  superior  to  the  latter  when  a  >  0.5.  It  coincides  with 
BRA  M’s  curve  labeled  N/M  =  0.5  (which,  when  N  =  1,  can 
be  obtained  with  a  total  population  size  M  of  only  2).  It 
also  coincides  with  UBS-RR’s  curve  labeled  N  =  <x>  (which 
is  superior  to  UBS-RR’s  curve  labeled  jV=*1).  As  for  the 
comparison  of  Expressnet  with  DSMA,  we  note  that  for 
a  >  1  the  channel  utilization  in  Expressnet  with  N  *  1  ex¬ 
ceeds  that  in  DSMA  as  long  as  M  >  100.  But  with  N  >  5, 
Expressnet  outperforms  DSMA  for  a  >  1  regardless  of  M. 
We  also  plot  in  Fig.  11  the  fraction  of  the  bandwidth 
acquired  per  station  versus  a.  This  amount  decreases  with 
ir;reasing  values  of  N  but  slower  than  1  /N  since  the 
throughput  improves  with  N. 

In  order  to  attain  a  tractable  analysis  of  packet  delay 
and  to  compare  Expressnet  to  CSMA-CD  and  BRAM,  we 
consider  a  model  consisting  of  M  users  each  with  a  single 
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Fig.  12.  Throughput-delay  performance  of  CSMA-CD,  BRAM,  and 
Expressnet  for  a  -  0.1. 


Fig.  13.  Throughput-delay  performance  of  BRAM  and  Expressnet  for 
a  » 1  and  10. 

packet  buffer.  A  user  is  either  idle  or  backlogged.  An  idle 
user  generates  a  packet  in  a  random  time  which  is  ex¬ 
ponentially  distributed  with  mean  1/A  seconds.  A  back- 
logged  user  does  not  generate  any  packet  and  becomes  idle 
upon  successful  transmission  of  its  buffer.  A  packet  trans¬ 
mission  time  is  considered  to  be  fixed  equal  to  T  seconds 
(including  the  preamble).  This  model  which  corresponds  to 
the  case  of  interactive  users  and  which  has  been  referred  to 
in  the  literature  as  the  “linear  feedback  model ”  has  been 
used  previously  to  analyze  ALOHA  and  CSMA-CD.  ft  has 
also  been  recently  used  in  [17]  and  (23]  in  a  study  on  the 
performance  of  unidirectional  broadcast  systems  (namely, 
UBS-RR,  Expressnet,  and  Fasnet)  and  several  round-robin 
service  disciplines  achievable  in  these  systems.  The  analysis 
of  Expressnet  (and  BRAM)  where  users  are  serviced  in  a 
predescribed  sequence  is  based  on  the  work  in  [18],  [19]  as 
detailed  in  (23].  In  this  section  we  present  the  results  which 
are  most  relevant  to  the  understanding  of  the  performance 
of  Expressnet. 

The  throughput  delay  tradeoff  is  displayed  in  Figs.  12 
and  13  where  the  normalized  average  delay  is  plotted 
versus  the  throughput  S  for  various  values  of  M  and  a.  Fig. 
12  corresponds  to  a  small  value  of  a,  precisely  0.1,  and 
compares  Expressnet  to  CSMA-CD  and  BRAM.  (The 


CSMA-CD  scheme  considered  is  again  the  slotted  p-per- 
sistent  version  analyzed  in  (8J.)  Fig.  13  corresponds  to  a  =  1 
and  10,  and  compares  Expressnet  only  to  BRAM,  as 
CSMA-CD  achieves  a  very  small  network  capacity.  These 
figures  clearly  show  the  superiority  of  Expressnet  to  both 
CSMA-CD  and  BRAM  for  all  values  of  a.  In  particular, 
note  that  for  a  given  throughput  S’,  while  the  delay  in 
BRAM  is  highly  sensitive  to  M,  the  delay  in  Expressnet  is 
relatively  insensitive  to  M.  For  each  value  of  M ,  packet 
delay  is  bounded  from  above  by  the  finite  value  attained  at 
saturation,  i.e.,  when  A  -*  oo.  This  maximum  delay  is  pre¬ 
cisely  ( M  +  2a  )T  seconds.  Finally,  notes  on  the  variance  of 
delay  can  be  found  in  [23]. 

V.  Integrating  Voice  and  Data  on  the 
Expressnet 

A.  Characteristics  of  Voice  Traffic 

It  is  assumed  that  vocoders  digitize  voice  at  some  con¬ 
stant  rate.  Bits  are  grouped  into  packets  which  are  then 
transmitted  via  the  network  to  the  destination  vocoder.  To 
achieve  interactive  speech  and  smooth  playback  operation, 
it  is  important  to  keep  the  end-to-end  delay  for  each  bit  of 
information  (from  the  time  the  bit  is  generated  at  the 
originating  vocoder  until  it  is  received  at  the  destination 
vocoder)  within  tight  bounds.  Two  components  of  delay 
are  identified:  the  packet  formation  delay  and  the  network 
delay.  The  sum  must  not  exceed  the  maximum  allowed  in 
order  for  all  bits  to  satisfy  the  delay  requirement  of  speech. 
An  interesting  property  of  round-robin  schemes  with  finite 
number  of  stations  is  that  the  delay  incurred  in  the  trans¬ 
mission  of  a  packet  is  always  finite  and  bounded  from 
above.  This  renders  it  particularly  attractive  for  the  packet 
voice  application  which  we  now  examine  in  more  detail. 

Let  Wv  be  the  bandwidth  required  per  voice  user  (i.e.,  the 
vocoder’s  rate  in  bits/s),  and  Dv  the  maximum  delay 
allowed  for  any  bit  of  digitized  voice  (not  including  the 
propagation  delay).  Let  Bu  denote  the  number  of  bits  per 
voice  packet.  Bv  is  the  sum  of  two  components:  5t0)  which 
encompasses  all  overhead  bits  comprising  the  preamble, 
the  packet  header,  and  the  checksum,  and  Bf  \  the  infor¬ 
mation  bits.  Let  Tf  be  the  time  required  to  form  a  packet;  it 
is  also  the  packet  intergeneration  time  for  a  vocoder.  Let  Tv 
be  the  transmission  time  of  a  voice  packet  on  a  channel  of 
bandwidth  W.  We  clearly  have 


il 

C  ’  |  K> 

(14) 

T  _  Bu 

•“  W 

(15) 

Since  packet  generation  is  deterministic,  occurring  every  7) 
seconds,  we  can  model  each  voice  user  by  a  D/G/\  queue. 
The  packet  service  time  D„  is  the  time  from  when  the 
packet  reaches  the  head  of  the  queue  until  it  is  successfully 
received  at  its  destination.  Due  to  the  bandwidth  constraint 
we  must  have 

T,>D„.  (16) 
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This  is  also  the  condition  of  stability  for  the  D/G/l  queue. 

Let  N  denote  the  number  of  active  (off-the-hook)  voice 
sources.  (We  consider  again  the  case  t,  =  0.)  Assuming  all 
queues  are  nonempty,  a  train  is  of  length  N(TU  +  td)+td. 
The  service  time  distribution  of  a  packet  can  be  bounded 
by  a  deterministic  one,  with  the  service  time  equal  to  a 
maximum  cycle  length  (i.e.,  a  train  length  plus  the  inter¬ 
train  gap).  That  is,  we  now  consider  all  queues  to  be 
(pessimistically)  represented  by  D/D/ 1,  where  the  inter- 
arrival  time  is  Tf  and  the  service  time  is  D„  =  N(TU  +  td)+  r 
+  rc+2td.  With  these  considerations,  provided  that  the 
queue  size  is  initially  0  and  7}  >  Dn,  the  waiting  time  of  a 
packet  is  0  and  its  total  delay  is  £>„.  The  delay  constraint 
for  a  voice  bit  is  now  written  as 

7} +  4,  <4,.  (17) 

The  above  two  constraints  lead  to  a  maximum  value  for  N 
when  we  -'hoose  T  ~  D„  =  Du/2.  Accordingly,  we  have  the 
optimum  packet  size  given  by 

D  W 

(18) 


and  the  maximum  number  of  voice  users  allowed  at  any 
one  time  given  by 


TV 


4,/2-(T  +  Tf  +  2Q 
BJW  +  td 


(19) 


We  note  that  as  long  as  N  ^  NmiX,  it  is  guaranteed  that  the 
length  of  a  train  never  exceeds  transmission  units,  and 
the  network  packet  service  time  never  exceeds  the  maxi¬ 
mum  determined  above:  /Vm„(Tt,  +  td)  +  t  +  rc  +  2 td\  con¬ 
sequently,  no  queueing  delay  is  incurred,  the  queue  size  at 
all  users  remains  <  1,  and  the  total  delay  constraint  for  all 
voice  bits  is  always  satisfied. 


B.  Integrating  Voice  and  Data 

The  principal  constraints  we  have  to  satisfy  here  are  1) 
the  delay  constraint  for  voice  packets  and  2)  a  minimum 
bandwidth  requirement  for  data.  Although  we  do  not 
impose  a  delay  constraint  on  data  packets,  it  is  important 
to  provide  the  bandwidth  “reserved”  for  data  on  as  con¬ 
tinuous  a  basis  as  possible,  and  to  fairly  allocate  that 
bandwidth  to  data  users.  Furthermore,  we  require  that  the 
protocols  be  dynamic  in  allocating  the  bandwidth  to  voice 
and  data  applications,  allowing  data  users  (or  background 
traffic)  to  gracefully  steal  the  bandwidth  which  is  unused 
by  voice.  To  accomplish  these  objectives  on  the  Expressnet, 
we  consider  two  types  of  trains,  the  voice  train  type  and 
the  data  train  type.  Trains  are  always  alternating  between 
the  two  types,  and  stations  transmit  their  packets  on  the 
train  of  the  corresponding  type.  To  satisfy  the  delay  con¬ 
straint  for  voice  packets,  it  is  important  not  only  to  limit 
the  number  of  voice  communications  to  a  maximum,  but 
also  to  limit  the  data  trains  to  a  certain  maximum  length. 

Let  Wd  be  the  minimum  data  bandwidth  required.  As¬ 
suming  that  data  trains  are  limited  to  a  maximum  length  L , 
their  effect  on  the  calculation  of  the  optimum  value  for 


jVmiX  is  to  just  increase  the  overhead  between  consecutive 
trains  by  the  amount  L  +  r  +  rf  +2  td.  is  then  given 
by 


AL 


4»/2-2(t  +  rf  +  2td)-  L 

Bv/yy+td 


(20) 


Since  the  maximum  period  of  time  separating  the  begin¬ 
ning  of  two  consecutive  trains  of  the  same  type  is  Dv/2 ,  L 
must  satisfy 


L  = 


WdDa 
2  W  ' 


(21) 


It  is  important  to  limit  data  trains  to  the  maximum  length 
L  at  all  times,  even  if  the  number  of  active  voice  users  is 
smaller  than  Nmax.  Otherwise,  situations  may  arise  where 
the  packet  delay  for  a  voice  packet  will  exceed  Dv.  This 
particularly  will  occur  if,  during  a  data  train,  a  number  of 
new  voice  users  become  ready,  some  of  which  might  incur 
an  initial  delay  longer  than  the  maximum  allowed. 

Since  a  data  train  may  not  contain  the  TU’s  of  all  ready 
stations,  it  is  important  that  the  next  data  round  resumes 
where  the  previous  data  train  has  ended.  This  is  easily 
accomplished  by  the  inclusion  of  the  DORMANT/ 
ACTIVE  states  for  data  users  in  the  same  way  as  in  the 
UBS-RR  algorithm.  To  switch  from  the  DORMANT  to 
the  ACTIVE  state,  data  users  have  to  monitor  the  length  of 
data  trains  on  the  inbound  channel:  a  dormant  user  switches 
to  the  ACTIVE  state  whenever  the  length  of  a  data  train 
has  not  reached  its  maximum  limit  L. 

In  order  to  alternate  between  the  two  types  of  trains,  a 
station  maintains  a  flag  $  which  gets  complemented  at  each 
occurrence  of  EOT(IN).  We  use  the  convention  <J>  =  0  for  a 
data  train  and  <J>  =  I  for  a  voice  train.  Now  we  face  the 
problem  of  having  a  station  properly  initialize  <j>  when  it 
becomes  ALIVE.  The  simplest  way  is  as  follows.  If  the 
network  is  found  DEAD,  then  following  the  pilot  the 
station  initializes  <#>  such  that  the  first  train  is  of  the  voice 
type.  If  the  network  is  found  ALIVE,  then  the  station 
monitors  the  inbound  channel  until  either  a  valid  packet  is 
observed  or  the  network  has  gone  dead.  In  the  former  case, 
the  type  of  train  is  derived  from  the  type  of  packet  ob¬ 
served,  and  <t>  is  initialized  accordingly.  In  the  second  case, 
the  station  undertakes  a  cold-start  and  the  initialization  of 
<p  is  independent  of  past  history.  Note  that  as  long  as  the 
network  is  determined  ALIVE,  a  station  may  not  become 
ALIVE  until  it  has  observed  a  valid  packet  transmission; 
all  empty  trains  are  ignored.  If  it  is  highly  likely  that  long 
successions  of  empty  trains  occur,  the  above  mechanism 
may  induce  a  high  initial  delay  before  the  station  becomes 
ALIVE.  This  can  be  overcome  by  including  explicit  infor¬ 
mation  in  the  LOCOMOTIVE  which  indicates  the  type  of 
train.  That  is,  the  LOCOMOTIVE  now  becomes  a  train- 
type  indicator  (Tl)  packet.  The  proper  indicator  packet 
must  be  transmitted  following  EOT(IN)  (i.e.,  an  attempt  to 
do  so  is  undertaken)  by  all  ALIVE  stations  in  the  network, 
regardless  of  the  type  of  packets  they  intend  to  transmit. 
Clearly,  only  one  transmission  of  the  train-type  indicator 
packet  is  accomplished,  by  the  station  in  the  ALIVE  state 
with  the  lowest  index.  With  this  mechanism,  a  station 
wishing  to  become  ALIVE  in  a  network  determined  ALIVE 
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waits  for  BOT(lN)  following  which  it  receives  and  decodes 
the  train-type  indicator  packet,  and  initializes  the  flag  4> 
accordingly.  The  use  of  the  train-type  indicator  packet 
increases  the  overhead  caused  by  the  LOCOMOTIVE  from 
td  to  the  transmission  time  of  a  (relatively  short)  TI  packet. 
This  extra  overhead  has  a  small  impact  on  the  performance 
which  is  still  approximated  by  the  equations  given  above. 

We  have  indicated  that  in  order  to  satisfy  the  delay 
constraint  for  voice  packets  it  is  necessary  to  limit  the 
number  of  phone  calls  in  progress  at  the  same  time.  This 
requires  that  a  mechanism  exists  to  check  whether  a  new 
phone  call  can  be  accepted  or  not.  The  decision  is  based  on 
the  number  of  calls  already  set  up,  and  this  can  be  ob¬ 
tained  by  simply  measuring  the  length  of  the  previous  voice 
train.  However,  we  note  that  if  voice  packets  representing 
silence  are  not  transmitted,  this  measure  may  not  be  accu¬ 
rate  and  one  may  have  to  collect  data  regarding  the  length 
of  several  voice  trains  before  deciding  on  the  acceptance  of 
a  new  call.  The  savings  on  voice  bandwidth  obtained  by 
silence  suppression  may  be  utilized  to  increase  the  average 
data  bandwidth.  If  used  to  increase  the  maximum  number 
of  phone  calls  on  the  network,  then  a  service  degradation 
will  have  to  be  allowed  as  some  packets  may  be  delayed 
beyond  the  maximum  delay  Dv.  This  topic  is  not  carried 
any  further  in  the  present  paper. 

In  the  above  discussion,  it  was  assumed  that  the  integra¬ 
tion  of  different  types  of  traffic  is  obtained  by  using 
different  types  of  trains  and  by  requiring  that  a  packet  be 
transmitted  only  on  a  train  of  the  corresponding  type. 
Another  possible  approach  is  to  allow  mixing  of  the  differ¬ 
ent  types  of  packets  on  the  same  train.  In  this  case  there  is 
no  need  to  provide  train  indicators.  However,  each  station 
is  then  required  to  measure  not  only  the  length  of  the 
current  train  but  also  the  period  of  time  in  the  train 
already  utilized  by  each  type  of  traffic  so  that  the  band¬ 
width  utilized  by  each  traffic  does  not  exceed  the  maxi¬ 
mum  value  allowed.  In  order  to  fulfill  the  delay  require¬ 
ments  for  voice  traffic,  it  is  easy  to  see  that  the  global 
amount  of  data  transmitted  in  a  train  has  to  be  limited  to 
L/2.  Note,  however,  that  this  limitation  does  not  affect  the 
overall  efficiency  of  the  system  nor  the  bandwidth  assigned 
to  each  type  of  traffic.  Due  to  the  difficulty  foreseen  in 
implementing  this  approach,  we  adopt  in  this  paper  the 
scheme  consisting  of  different  types  of  trains. 


C.  The  Voice/ Data  Access  Algorithm 

Although  the  algorithm  presented  here  is  for  only  two 
types  of  trains,  the  concepts  can  be  applied  to  any  larger 
number  of  types  regardless  of  the  applications  intended. 
Let  STATE  (<f>)  denote  the  DORMANT/ ACTIVE  state  of 
a  station  with  respect  to  train  type  <£,  and  TB (t,<t>)  denote 
the  state  of  its  buffer  (empty  or  nonempty)  with  respect  to 
packet  type  <p.  We  let  L(<f>)  denote  the  maximum  allowable 
length  of  a  train  of  type  <fr,  including  the  transmission  time 
of  the  train  indicator,  and  R(<p)  -  L($)+  r  +  rc  +  td.  We 
let  C  denote  a  clock  which  is  used  to  measure  the  length  of 
a  train  in  progress.  In  the  following  presentation.  Steps  1-4 
are  performed  by  a  station  wishing  to  become  ALIVE  and 
to  initialize  its  parameter  4>.  while  the  remaining  steps  are 


executed  by  a  station  which  is  ALIVE.  Initially  STATE($>) 
=  ACTIVE,  $  =  0,1. 

Step  1:  If  TRAIN  (/,  IN)  =  0  then  go  to  Step  2;  other¬ 
wise,  wait  for  EOT(IN),  at  which  time  proceed  with  Step  2. 

Step  2:  [Determine  whether  the  network  is  ALIVE  or 
not.]  Wait  for  the  first  of  the  following  two  events:  BOT(IN) 
and  TIME-OUT(t  +  tc  +  td).  If  BOT(IN)  occurs  first  then 
go  to  Step  3;  otherwise,  go  to  Step  4.  (In  case  of  a  tie, 
BOT(IN)  is  considered  to  have  precedence.) 

Step  3:  Set  C  =  r  +  rf  +  td.  Receive  and  decode  train- 
type  indicator.  If  the  decoding  is  unsuccessful  then  go  to 
Step  1;  otherwise,  initialize  <f>  accordingly,  and  go  to  Step  5. 
(It  is  assumed  here  that  the  operation  of  decoding  a 
train-type  indicator  can  be  completed  before  EOT(IN)  is 
detected,  even  when  the  current  train  contains  only  the 
train  indicator.  This  is  easily  accomplished  in  practice  by 
maintaining  carrier  on  beyond  the  end  of  transmission  of 
train  indicator  for  a  period  of  time  sufficiently  long  so  as 
to  guarantee  completion  of  the  decoding  operation  before 
the  occurrence  of  EOT(IN).) 

Step  4:  [The  network  is  DEAD:  execute  the  cold-start 
procedure.]  Initiate  transmission  of  PILOT.  Wait  for 
BOT(IN).  At  the  occurrence  of  BOT(IN),  stop  transmis¬ 
sion  of  PILOT.  Set  <f>  =  0,  C  =  0,  and  proceed  with  Step  5. 

Step  5:  Wait  for  the  first  of  the  following  two  events: 
EOT(IN)  and  EOC(OUT).  If  EOC(OUT)  occurs  first,  then 
go  to  Step  9;  otherwise,  proceed  with  Step  6. 

Step  6:  [At  occurrence  of  EOT(IN),  C  contains  a  mea¬ 
sure  of  the  length  of  the  previous  train.  This  information  is 
passed  on  to  higher  levels  to  determine  acceptance  or 
rejection  of  new  voice  calls.]  Notify  higher  levels  of  the 
current  values  of  <f>  and  C. 

Step  7:  [Reset  STATE  (</>)  if  appropriate.]  If  C  <  R(4>) 
then  set  STATE  (<#>)  =  ACTIVE. 

Step  8:  [A  new  train  is  to  be  started.]  Complement  <t>;  set 
C  *  0;  and  transmit  train  indicator.  (In  'he  case  where  the 
train  indicator  is  an  actual  packet,  its  transmission  is  in 
accordance  with  the  basic  transmission  mechanism  as  fol¬ 
lows.  Initiate  transmission  of  TI  and  wait  td  seconds.  If  at 
this  new  point  in  time  c(t,  OUT)  =  1  then  abort  transmis¬ 
sion  of  TI  and  go  to  Step  5;  otherwise,  wait  for  CTX  and 
then  proceed  with  Step  9.) 

Step  9:  If  STATE  (<*>)  =  ACTIVE  and  TB(r,  «#>)  =  1  and 
C  <  L(<p),  then  go  to  Step  10;  otherwise,  go  to  Step  5. 

Step  10:  Initiate  transmission  of  TU.  Wait  td  seconds.  If 
at  this  new  point  of  time  c(f,  OUT)  =*  0  and  C  <  L(<f>)  then 
proceed  with  Step  11;  otherwise,  abort  transmission  of  TU 
and  go  to  Step  5. 

Step  IT.  Wait  for  the  first  of  the  following  two  events: 
CTX  and  C  =  L($).  If  L(<£)  occurs  first,  then  abort 
transmission  of  TU  and  go  to  Step  5;  otherwise,  set  STATE 
(<t>)  “  DORMANT  and  go  to  Step  5. 

Note  that  in  the  above  algorithm,  in  order  to  keep 
STATE(1)  -  ALIVE  for  all  stations  at  all  times,  it  is  suffi¬ 
cient  to  assign  to  L(  1)  an  arbitrarily  large  number.  The 
flow  chart  for  the  voice/data  express  algorithm  is  shown  in 
Figs.  14  and  15.  Fig.  14  represents  Steps  1-4  performed  by 
a  DEAD  station  in  becoming  ALIVE,  while  Fig.  15  repre¬ 
sents  the  steps  executed  by  a  station  which  is  ALIVE.  In 
case  the  train  indicator  is  an  actual  packet,  the  box  labeled 
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Fig.  14.  Flowchart  for  the  initialization  portion  of  the  voice/data  ex¬ 
press  algorithm. 


TRANSMIT  TRAIN  INDICATOR  must  contain  all  in¬ 
structions  outlined  in  Step  8  above.  The  state  diagram  for  a 
finite  state  machine  which  performs  the  above  algorithm  is 
shown  in  Figs.  16  and  17.  Fig.  16  contains  the  portion  of 
the  state  diagram  corresponding  to  the  flowchart  in  Fig. 
14,  while  Fig.  17  contains  the  portion  of  the  state  diagram 
corresponding  to  the  flowchart  in  Fig.  15. 


VII.  Conclusions 

We  have  described  in  this  paper  the  Expressnet,  a  pro¬ 
posed  local  area  communication  network.  The  express 
access  protocol  used  by  ail  stations  connected  to  the  bus  is 
a  distributed  algorithm  which  provides  conflict-free  trans¬ 
mission  of  messages.  It  is  essentially  a  round-robin  scheme 
in  which  the  time  to  switch  from  one  active  user  to  the  next 
in  a  round  is  kept  very  small,  on  the  order  of  carrier 
detection  time,  thus  achieving  a  performance  which  is 
relatively  independent  of  the  end-to-end  network  propaga¬ 


tion  delay.  This  feature  represents  the  major  improvement 
obtained  with  this  protocol  in  comparison  to  other  existing 
ones,  such  as  CSMA-CD  and  UBS-RR;  it  makes  it  very 
suitable  for  local  area  networks  in  which,  because  of  high 
channel  speed,  long  end-to-end  delay,  and/or  small  packet 
size,  the  propagation  delay  constitutes  a  large  fraction  of  or 
is  even  larger  than  the  packet  transmission  time.  Further¬ 
more,  we  have  shown  that  this  protocol  is  particularly 
suitable  for  the  transmission  of  packetized  voice  as  it  is 
able  to  guarantee  an  upper  bound  on  the  transmission 
delay  for  each  packet.  A  possible  way  to  integrate  voice 
and  data  on  the  same  network  has  been  described  in  detail. 
In  conclusion,  we  note  that  Expressnet  seems  to  be  most 
suitable  for  office  automation  including  real-time  applica¬ 
tions. 

Appendix 

As  an  illustrative  example  of  CSMA-CD,  we  consider 
the  slotted  ^-persistent  version  described  and  analyzed  in 
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Fig.  15.  Flow  chan  for  the  portion  of  the  voice/data  express  algorithm 
executed  by  a  station  in  the  ALIVE  state. 


[8],  The  channel  time  axis  is  slotted  with  the  slot  size  equal 
to  r  seconds,  and  beginning  and  end  of  carrier  coincide 
with  slot  boundaries.  The  carrier  sensing  function  which  is 
performed  to  determine  the  state  of  the  channel  is  assumed 
to  be  done  in  the  middle  of  the  slot.  (Accordingly,  follow¬ 
ing  a  transmission  period,  there  is  at  least  one  idle  slot.) 
Assuming  an  infinite  population  model  in  which  users 
become  ready  to  transmit  according  to  a  Poisson  process 
with  rate  g  users  per  slot,  the  channel  utilization  can  be 
derived  as  in  (8]  and  is  given  by 

Tge~* 

S(oo,g,a)-  +  (1  —  e~*-ge~*)7"c  +  (2-e■*)T 

(A.l) 

Te  is  the  time  needed  to  detect  a  collision  and  abort 
transmission,  and  takes  the  form 

Tt  -  yr  +  £  +  f 


where  yr  represents  twice  the  propagation  delay  between 
the  two  transmitting  devices,  £  represents  the  time  it  takes  a 
device  to  detect  the  interference  once  the  latter  has  reached 
it,  and  f  is  the  duration  of  the  jamming  period  used  for 
collision  consensus  reinforcement.  Ignoring  £  and  f,  we  see 
that  Tc  =  yr  where  y  must  equal  2  to  account  for  the  worst 
case  of  the  two  extreme  users  colliding.  With  these  consid¬ 
erations,  (A.l)  can  be  rewritten  as 

5(oo.8,a)-l+H1jg)-  (A.2) 

where 

4es  -  3 

H(g)  =  -^-2-  (A.3) 

Note  that  the  result  in  (A.2)  is  valid  only  as  long  as  Tss  2r; 
in  order  to  always  be  in  a  position  to  perform  the  collision 
detection  function  even  when  T  <  2t,  Ethernet  specifies  a 
minimum  packet  size  equal  to  2 r  W  bits,  whether  the  entire 
packet  carries  useful  information  or  not.  Accordingly  for 
a  >  0.5,  the  channel  utilization  is  calculated  as  the  fraction 
of  time  useful  information  is  transmitted,  and  is  given  by 
S( oo,  g,0.5)/2fl.  The  channel  capacity  (or  maximum  chan¬ 
nel  utilization)  denoted  by  C(oo,a)  is  obtained  by  maxi¬ 
mizing  S(oo,  g.  a)  with  respect  to  g;  hence  (2). 

Assuming  a  constant  number  N  is  always  busy,  then  a 
similar  analysis  as  for  the  infinite  population  leads  to 
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EOT  (IS):  i  and 

C  to  Kcghvi  CivtlAi 
rj  C<R{0l.  STATE (0) » ACTIVE; 

SfcT  C*tf;  Comp£ejw«rt.{  *; 

ItuMAtc  T«  oi  Tl  and  TIME -OUT { t  .) 


CTJ  *X0  [T«(t,l).0 
Oil  STATE!  1 )  ■DORMANT] 


CTX  AND  [T8(t,0).0 
OR  STATE (0) -DORMANT] 


Fig.  17.  Finite  state  machine  implementing  the  portion  of  the  voicc/data 
express  algorithm  executed  by  a  station  in  the  ALIVE  state. 


1 


\  +  F{N,p)a 

S(M,N,p,a)={  j 


[2  +F(N,p)]a 


where 


F(N,p)~ 


4-3(1  -p)r 


np(\-p)n-1 

To  minimize  F( N.  p).  p  must  satisfy 

4(Np-l)  +  }(\- p)N  =  0. 


a  <  0.5 
a  >0.5 


(A.4) 

(A.5) 

(A. 6) 
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Local  Area  Networks:  Expressnet 
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Aburuci  —  Local  area  communication  networks  based  on  packet  broad¬ 
casting  techniques  proside  simple  architectures  and  flexible  and  efficient 
operation.  Unidirectional  broadcast  systems  use  a  unidirectional  transmis¬ 
sion  medium  which,  due  to  their  physical  ordering  on  the  medium,  users 
ran  access  according  to  some  efficient  distributed  conflict-free  round-robin 
algorithm.  Two  systems  of  this  type  have  been  presented  in  the  literature: 
Expressnet  and  Fasnet.  In  this  paper  we  briefly  describe  these  two.  We 
identity  three  different  sen  ice  disciplines  achievable  by  these  systems  and 
discuss  and  compare  the  performance  of  each.  These  systems  overcome 
some  of  the  performance  limitations  of  existing  random-access  schemes, 
making  them  particularly  well  suited  to  the  high  bandwidth  requirements  of 
an  integrated  sen  ices  digital  local  network. 

Manuscript  received  February  I.  19X3:  revised  July  15.  19X3  This  work 
was  supported  bv  ihc  Defense  Advanced  Research  Projects  Agency  under 
Contract  MDA  903-79-C-020I .  Order  A0371 7.  monitored  by  the  Office  of 
Naval  Research  This  paper  was  presented  at  the  International  Con¬ 
ference  on  Communications.  Philadelphia.  PA.  June  13-17,  19X2 

The  authors  arc  with  the  Computer  Systems  Laboratory,  Department  of 
Electrical  Engineering  and  Computer  Science,  Stanford  University.  Stan¬ 
ford.  C A  94105 


!.  Introduction 

LOCAL  area  communication  networks  have  registered 
significant  advances  in  recent  years.  Currently,  net¬ 
works  operating  in  the  1-10  Mbit/s  range  and  spanning  a 
couple  of  kilometers  are  commercially  available.  Although 
they  are  adequately  satisfying  current  needs  for  computer 
communications,  it  appears  that,  in  the  future,  there  will  be 
an  increasing  demand  for  communication  resources  as  new 
system  architectures  (such  as  distributed  processing)  evolve 
and  as  other  services  such  as  voice,  graphics,  and  video  are 
integrated  onto  the  same  networks. 

Multiaccess  broadcast  bus  systems  have  been  popular 
since,  by  combining  the  advantages  of  packet  switching 
with  broadcast  communication,  they  offer  efficient  solu¬ 
tions  to  the  communication  needs  both  in  simplicity  of 
topology  and  flexibility  in  satisfying  growth  and  variabil- 
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ity.  These  systems  have  largely  used  random-access  conten¬ 
tion  schemes  such  as  carrier  sense  multiple  access  (CSMA). 
A  prominent  example  is  Ethernet  (1).  Although  they  have 
proven  to  perform  well  in  the  environments  for  which  they 
were  designed,  these  schemes  do  exhibit  performance  limi¬ 
tations  particularly  when  the  channel  bandwidth  is  high  or 
the  geographical  area  to  be  spanned  is  large.  For  example, 
in  [2],  [6]  it  has  been  shown  that  the  performance  of 
CSMA/CD  degrades  significantly  as  the  ratio  rW/B  in¬ 
creases,  where  r  is  the  end-to-end  propagation  delay,  W  is 
the  channel  bandwidth,  and  B  is  the  number  of  bits  per 
packet1  [2}.  (3).  (6). 

In  an  attempt  to  overcome  these  limitations  a  new 
approach,  also  based  on  packet  broadcasting,  has  emerged. 
This  type  of  network,  called  the  unidirectional  broadcast 
system  (UBS)  type,  uses  a  unidirectional  transmission 
medium  on  which  the  users  contend  according  to  some 
distributed  conflict-free  round-robin  algorithm.  We  ex¬ 
amine  two  recent  proposals.  Expressnel  [5|,  [6]  and  Fasnet 
(7],  [8],  In  these  systems  the  access  overhead  between 
consecutive  packets  in  a  round  is  independent  of  both  the 
end-to-end  propagation  delay  and  the  number  of  users 
connected  to  the  network.  Due  to  this  feature  these  systems 
overcome  some  of  the  performance  limitations  of  the  ran¬ 
dom-access  schemes  as  well  as  earlier  round-robin  schemes 
such  as  the  Distributed  Computing  System  [9],  the  UBS 
proposed  in  [10|.  and  BRAM  [12J.  In  this  study  we  present 
quantitative  results  showing  the  performance  of  Expressnet 
and  Fasnet.  In  Section  II  we  briefly  describe  the  operation 
of  these  two  networks  with  emphasis  on  the  basic  access 
protocol  rather  than  on  detailed  functionality.  As  will 
become  clear  from  the  descriptions  below,  one  may  iden¬ 
tify  several  different  conflict-free  round-robin  service  disci¬ 
plines  that  can  be  achieved  in  these  systems  by  simple 
modifications  to  the  access  protocols.  These  disciplines 
differ  in  certain  aspects  of  the  performance  and  it  is  our 
objective  to  highlight  these  differences.  In  Section  III  we 
describe  a  mathematical  model  for  the  systems  followed  by 
the  analysis  in  Section  IV.  Finally,  numerical  results  for  the 
performance  of  these  systems  are  discussed  in  Section  V. 

II.  The  Unidirectional  Broadcast  Systems 
Expressnet  and  Fasnet 

The  transmission  medium  in  unidirectional  broadcast 
systems  comprises  two  channels  which  users  access  in  order 
to  transmit  and  to  read  the  transmitted  data.  In  Expressnet 
one  channel,  designated  the  outbound  channel,  is  used 
exclusively  for  transmitting  data  and  the  other,  designated 
the  inbound  channel,  is  used  exclusively  for  reading  the 
transmitted  data.  All  signals  transmitted  on  the  outbound 
channel  are  duplicated  on  the  inbound  channel  thus 
achieving  broadcast  communication  among  the  stations.  In 
Fasnet,  the  transmissions  on  the  two  unidirectional  chan¬ 
nels  propagate  in  opposite  directions.  Users  are  able  to 
write  onto  and  read  from  both.  Together  the  two  channels 
provide  a  connection  between  any  pair  of  stations  on  the 
network.  In  both  systems  the  asymmetry  created  by  the 

1  Including  (he  preamble  needed  for  synchromzadon. 
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unidirectional  signal  propagation  establishes  a  natural 
ordering  among  the  users  required  for  the  round-robin 
access  protocols  described  below. 

A  Expressnet  (5J,  [6j 

The  topology  of  Expressnel  is  shown  in  Fig.  1.  In 
addition  to  writing  on  the  outbound  channel  each  user  has 
the  capability  to  sense  activity  on  that  channel  due  to  users 
on  the  upstream  side  of  its  transmit  tap.  A  user  who  has  a 
message  to  transmit  is  said  to  be  backlogged.  Otherwise  it 
is  said  to  be  idle.  An  idle  user  does  not  contend  for  the 
channel.  A  backlogged  user  operates  as  follows. 

1)  Wait  for  the  next  end  of  carrier  on  the  outbound 
channel.  [We  denote  this  event  by  EOC(OUT).] 

2)  Immediately  begin  transmitting  the  packet  and  at  the 
same  time  sense  the  outbound  channel  for  activity  from  the 
upstream  side. 

3)  If  activity  is  detected  from  upstream,  then  abort  the 
transmission,  otherwise  complete  the  transmission.  If  still 
backlogged,  go  back  to  step  1.  otherwise  wait  for  the  next 
packet. 

Note  that  there  is  a  single  user  which  does  not  have  to 
abort  its  transmission  and  hence  it  transmits  successfully. 
Moreover,  a  user  who  has  completed  the  transmission  of  a 
packet  in  a  given  round  will  not  encounter  the  event 
EOC(OUT)  again  in  that  round,  thus  guaranteeing  that  no 
user  will  transmit  more  than  once  in  a  given  round.  Letting 
td  denote  the  time  thr.t  it  takes  to  detect  presence  or 
absence  of  carrier,  the  gap  between  two  consecutive  packets 
in  the  same  round  is  td  [the  time  required  to  detect 
EOC(OUT)J,  and  the  possible  overlap  at  the  beginning  of  a 
packet  is  td  (the  time  to  detect  activity  due  to  upstream 
users).  Thus,  the  overhead  associated  with  each  transmis¬ 
sion  is  on  the  order  of  2td  (Fig.  2). 

We  now  describe  the  mechanism  for  initiating  a  new 
round.  Define  a  train  to  be  a  succession  of  transmissions  in 
a  given  round.  A  train  is  generated  on  the  outbound 
channel  and  entirely  seen  on  the  inbound  channel  by  all 
users.  The  end  of  a  train  on  the  inbound  channel  [EOT(IN)) 
is  detected  whenever  the  idle  time  exceeds  t4.  Using  a 
topology  for  Expressnet  as  shown  in  Fig.  1,  EOT(IN)  will 
visit  each  user  in  the  same  order  as  they  are  permitted  to 
transmit.  Thus  to  start  a  new  round,  EOT(IN)  is  used  as 
the  synchronizing  event,  just  as  EOC(OUT)  was  used  in 
the  above  description.  Step  1  of  the  algorithm  should  be  as 
follows. 

la)  Wait  for  the  first  of  the  two  events  EOC(OUT)  or 
EOT(IN).  (Note  that  only  one  such  event  can  occur  at  a 
given  point  in  time.) 

To  avoid  losing  the  synchronizing  event  EOT(IN)  which 
happens  if  no  packets  are  ready  when  it  sweeps  the  in¬ 
bound  channel,  all  users  (whether  idle  or  backlogged) 
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transmit  a  short  burst  of  unmodulated  carrier  of  duration 
ij  whenever  EOT(IN)  is  detected.  (If  the  user  is  in  the 
backlogged  state  it  does  so  before  attempting  to  transmit  a 
packet.)  This  burst  is  referred  to  as  a  locomotive.  If  the 
train  were  to  be  empty,  then  the  end  of  the  locomotive 
constitutes  EOT(IN).  It  is  clear  that  the  time  separating 
two  consecutive  trains  is  the  propagation  delay  between  the 
transmit  tap  and  the  receive  tap  of  a  user,  which  is  the 
same  for  all  users.  (For  the  topology  shown  in  Fig.  1.  this 
gap  amounts  to  a  round-trip  delay.) 

B  Fasnet  [7J,  [8] 

The  topology  of  Fasnet  comprises  two  unidirectional 
channels  (A  and  B)  where  the  signals  propagate  in  oppo¬ 
site  directions  (see  Fig.  3).  All  users  can  read  from  and 
write  to  both  channels.  A  user  wishing  to  send  a  packet  will 
transmit  on  one  of  the  channels  such  that  the  recipient  is 
downstream  from  the  sender.  As  the  two  channels  are 
identical  we  consider  events  on  channel  A.  The  most  up¬ 
stream  user  (or  head  user)  and  the  most  downstream  user 
(or  end  user)  on  each  channel  perform  special  functions. 
For  channel  A  the  head  user  is  user  1  and  the  end  user  is 
user  M.  The  head  user  transmits  a  clock  signal  which  keeps 
the  system  bit  synchronous.2  From  this  clocking  informa¬ 
tion  users  listening  to  the  channel  are  able  to  identify  fixed 
length  slots  traveling  downstream.  Each  slot  begins  with  an 
access  control  field  (AC)  which  determines  how  and  when 
each  station  may  access  the  channel.  The  structure  of  the 
AC  field,  as  shown  in  Fig.  4,  consists  of  three  bits.  The 
start  bit  (SB),  when  set,  indicates  the  start  of  a  new  round 
or  cycle  (SOC).  The  busy  bit  (BB),  when  set,  indicates  that 
a  packet  has  been  written  into  the  slot.  After  each  of  these 

•This  is  to  be  contrasted  with  Exprcssnct  as  described  above,  which  is 
assumed  to  operate  in  asynchronous  mode  In  this  mode,  a  preamble  is 
needed  for  each  packet  for  synchronization  purposes  at  the  receiver  In 
Fasnet  a  synchronization  pattern  is  also  needed  nut  rather  mfrcqucntlv 


bits  is  a  dead  time  which  allows  the  user  to  read  and 
process  them  as  the  slot  in  traveling  by.  The  third  bit. 
called  the  e/iz/bit  (EB).  is  located  in  the  dead  lime  between 
the  start  and  busy  bits.  This  bit  is  used  by  the  end  user  to 
instruct  the  head  user  via  channel  B  to  initiate  a  new  cycle 
on  channel  A.  We  describe  two  different  access  protocols 
for  Fasnet.  The  first  which  we  call  gated  Fasnet  is  used  in 
the  most  recent  version  of  the  system  [7],  The  second  which 
we  call  nongated  Fasnet  is  used  in  an  earlier  version  |H). 

In  gated  Fasnet  a  user  with  no  packets  to  transmit  on 
channel  A  is  said  to  be  IDLE.  Upon  arrival  of  a  packet  to 
be  transmitted  on  channel  A  (i.e..  destined  for  a  user  to  the 
right  of  this  one)  the  user  goes  to  the  WAIT  state.  The  user 
reads  SB  of  every  slot.  When  SB  =  1  the  user  goes  to  the 
DEFER  state.  In  this  state  it  simultaneously  reads  and  sets 
BB  of  each  slot;  setting  an  already  set  bit  is  assumed  to 
have  no  effect.  When  an  empty  slot  is  detected  the  user 
writes  its  packet  into  it.  It  then  goes  to  the  IDLE  state  or 
WAIT  state  depending  on  whether  it  has  more  packets  to 
transmit  or  not. 

In  the  nongated  Fasnet  an  IDLE  user  is  said  to  be  either 
ACTIVE  if  it  has  not  yet  transmitted  in  the  current  round 
or  DORMANT  if  it  has.  A  DORMANT  user  does  not 
attempt  to  access  the  channel.  Upon  arrival  of  a  packet  to 
an  ACTIVE  IDLE  user,  this  user  moves  immediately  to  the 
DEFER  state.  It  does  not  wait  for  the  beginning  of  the 
next  round  as  in  the  gated  version.  Having  transmitted  its 
packet  the  user  becomes  DORMANT  and  does  not  at¬ 
tempt  another  transmission  in  this  round.  A  DORMANT 
user  becomes  ACTIVE  at  the  beginning  of  the  next  round, 
i.e..  when  SB  =  1  is  detected. 

In  both  versions  of  Fasnet  SB  is  set  by  the  head  user  in 
cooperation  with  the  end  user.  The  end  user  examines  all 
slots  on  channel  A,  decoding  the  status  of  SB  and  BB. 
Upon  detecting  SB  =  1.  the  end  user  looks  for  the  first  slot 
in  which  BB  =  0  (indicating  that  all  users  are  IDLE  or 
DORMANT),  at  which  time  it  sets  EB  =  1  in  the  next  slot 
on  channel  B.  The  head  user,  detecting  EB  =  1 .  then  sets 
SB  *=  1  in  the  next  slot  on  channel  A.  Thus,  in  the  worst 
case  the  overhead  in  initiating  a  new  round  will  be  twice 
the  end-to-end  propagation  delay  plus  twice  the  slot  size. 
The  additional  two  slots  are  incurred  as  the  end  user, 
having  detected  BB  =  0  on  channel  A.  waits  for  the  AC 
field  of  the  next  slot  on  channel  B  to  set  EB  =  1  and  the 
head  user,  having  detected  EB  =  1  on  channel  B.  waits  for 
the  next  slot  on  channel  A  in  order  to  set  SB  =  1.  It  is  also 
possible  to  allow  the  end  user  to  set  EB  =  1  every  time  it 
encounters  BB  =  0.  This  will  result  in  higher  throughputs 
since  SOC’s  will  occur  at  a  higher  frequency.  However,  this 
leads  to  an  irregular  pattern  of  cycle  lengths  and  unfairness 
among  users,  giving  preference  to  upstream  users.  In  this 
paper  the  former  scheme  is  adopted  and  analyzed  and  it  is 
the  scheme  corresponding  to  Fasnet. 


916 


Mil.  JOt'RNAI  ON  SHECTII)  AREAS  IN  COMMt'NICA  I  IONS.  VOI  SAC-I.  NO  5.  NOVfMBER  198? 


C  The  Various  Service  Disciplines 

Clearly  from  the  above  descriptions.  Expressnet  achieves 
a  “conventional"  round-robin  discipline  where  users  are 
serviced  in  a  predescribed  order  determined  by  their  physi¬ 
cal  location  on  the  network.  If  a  user  has  no  message  when 
its  turn  comes  up.  it  declines  to  transmit  and  then  must 
wait  for  the  next  round  before  getting  another  turn.  We 
refer  to  this  type  of  discipline  as  the  nongated  sequential 
service  discipline  (NGSS).  The  gated  Fasnet  system  also 
achieves  sequential  service  in  the  same  physically  prede¬ 
scribed  order.  In  this  system  however,  only  those  users  who 
are  ready  at  the  beginning  of  a  given  round  are  serviced  in 
(hat  round.  We  refer  to  this  discipline  as  the  gated  sequen¬ 
tial  service  discipline  (GSS).  In  nongated  Fasnet  users  are 
also  ordered  according  to  their  position  on  the  bus;  how¬ 
ever.  following  a  transmission,  the  next  user  to  transmit  is 
always  the  most  upstream  user  who  has  a  packet  and  has 
not  yet  transmitted  in  the  current  round.  This  discipline  is 
referred  to  as  the  most  upstream  first  service  discipline 
(MUFS). 

Note  that  Expressnet  can  be  made  to  operate  in  GSS 
mode  merely  by  having  each  user,  upon  generating  a 
packet,  wait  for  the  event  EOT(IN)  before  attempting  to 
transmit  that  packet.  Similarly,  one  could  operate  Fasnet 
in  NGSS  mode  by  allowing  each  user,  upon  generating  a 
packet  in  a  given  round,  to  transmit  that  packet  in  the  next 
empty  slot  as  long  as  this  user  has  not  yet  seen  an  empty 
slot  go  by  in  the  current  round  and  has  not  yet  transmitted 
in  the  current  round.  Otherwise  it  waits  for  the  SOC.  The 
SOC  in  Fasnet  and  the  EOT(IN)  in  Expressnet  are  analo¬ 
gous  events.  In  MUFS  on  the  other  hand,  the  transmission 
of  each  packet  is  synchronized  to  an  event  which  sweeps 
the  entire  population  of  users  from  the  most  upstream  to 
the  most  downstream.  Thus,  only  Fasnet  can  support  this 
discipline. 

In  this  paper  we  consider  only  fixed  length  packets.  In 
Expressnet  however,  the  access  protocol  allows  for  packets 
of  any  length.  In  the  most  recent  description  of  Fasnet  [7], 
slots  are  required  to  be  of  a  Fixed  length  in  order  to 
simplify  the  hardware  implementation.  Nevertheless,  in 
gated  Fasnet.  variable  length  packets  can  be  accommo¬ 
dated  simply  by  allowing  a  user  to  access  a  number  of 
consecutive  slots.  This  is  feasible  because  downstream  users 
may  only  transmit  after  the  current  user,  and  will  have  full 
knowledge  of  the  slot  usage.  In  nongated  Fasnet  only  fixed 
length  packets  equal  to  the  size  of  a  slot  can  be  achieved 
since  the  order  of  transmissions  does  not  correspond  to  the 
physical  order;  therefore  the  user  does  not  know  how  many 
consecutive  empty  slots  (if  any)  follow  the  one  in  which  it 
begins  to  transmit. 

III.  The  Model 

We  consider  now  a  model  which  is  used  to  analyze  the 
performance  of  the  three  service  disciplines.  Consider  a 
system  of  M  users.  Each  user  has  a  single  packet  buffer 
and  is  either  idle  or  backlogged.  An  idle  user  will  generate 
a  packet  in  a  random  time  which  is  exponentially  distrib¬ 


uted  with  mean  1/A.  A  backlogged  user  does  not  generate 
any  packets  and  becomes  idle  upon  successful  transmission 
of  its  buffer.  This  model  corresponds  to  the  case  of  interac¬ 
tive  users,  widely  used  in  the  past  to  analyze  slotted 
ALOHA,  CSMA,  and  other  access  schemes.  The  end-to-end 
propagation  delay  of  the  signal  traveling  across  the  net¬ 
work  is  denoted  by  r.  This  corresponds  to  the  propagation 
delay  between  the  extreme  users  on  one  of  the  channels 
(e.g..  the  outbound  channel  on  Expressnet  or  channel  A  on 
Fasnet).  The  time  required  to  transmit  a  packet  is  T=  B/W 
where  B  is  the  number  of  bits  in  a  packet  (assumed  fixed) 
excluding  the  preamble  if  any  in  Expressnet  and  the  AC 
field  in  Fasnet,  and  where  W  is  the  bandwidth  of  the 
channel.  The  overhead  before  each  transmission  to  de¬ 
termine  which  user  gets  access  to  the  channel  is  denoted  by 
In  Fasnet  t„  is  given  by  the  length  of  the  AC  field.  In 
Expressnet  ta  is  given  by  2  td.  The  time  required  to  transmit 
the  preamble  is  denoted  by  ip.  In  Fasnet,  since  the  system 
is  synchronous,  tp  «  0.  In  Expressnet,  ip  is  nonzero  if  the 
system  is  operated  asynchronously.  Thus,  to  transmit  a 
packet  of  length  T  requires  a  transmission  period  of  X  *  T 
+  /„  +  /„.  The  time  that  the  channel  becomes  idle  between 
rounds  is  called  the  interround  overhead  and  is  denoted  by 
Y.  In  Expressnet  Y  *  2r.3  In  Fasnet  Y  must  be  an  integral 
number  of  slots  and  is  taken  to  be  Y  *  \2r/X]  X  +  X. 

In  the  next  section  we  present  the  analysis  of  this  model 
for  these  service  disciplines.  The  performance  measures 
derived  from  these  analyses  are  the  channel  throughput, 
the  expected  delay  incurred  by  a  packet,  and  the  variance 
of  this  delay. 

IV.  Analysis 

An  analysis  of  a  loop  system  where  users  are  serviced  in 
a  predescribed  sequence  and  which  Fits  the  NGSS  disci¬ 
pline  of  Expressnet  is  given  by  Kaye  [13]  based  on  the 
work  in  [14],  A  summary  of  this  analysis  as  adapted  to  the 
NGSS  discipline  is  presented  below.  For  the  GSS  disci¬ 
pline  we  present  some  additional  definitions  and  both  a 
mean  value  analysis  and  a  distribution  of  delay  analysis. 
An  analysis  of  the  MUFS  discipline  is  outlined  in  the 
appendix  and  consists  of  a  generalization  of  the  analysis  of 
GSS.  This  analysis  for  MUFS  is  exact  for  the  case  Y <  X 
but  becomes  inexact,  and  in  fact  leads  to  pessimistic  re¬ 
sults.  for  the  case  Y>  X.  (For  details  see  the  Appendix.)  In 
the  discussion  of  numerical  results  in  the  following  section, 
simulation  is  also  used  for  MUFS  when  Y  >  X. 

A.  Analysis  of  the  Nongated  Sequential  Service  Discipline 

The  probability  that  there  are  n  packet  transmissions  in 
a  round,  denoted  by  p„,  is  given  by  [14] 

P„-Po(y)  ni*M/4r*n-ll  0  <n<M  (1) 

Mf  the  topoloM  of  Expressnet  is  such  that  the  two  extreme  users  are 
coi located,  then  the  interround  (ap  Y  is  equal  to  r.  See  (6|. 
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where  p0  is  determined  by  Z"mQpn  =  1.  The  probabilities  pn 
satisfy  the  following  recursive  formula 

p„  _  M-n  +  \  rfMlB  iijfoi  t] 

P„-  1  n 


Based  on  this  distribution,  Kaye  derived  the  distribution  of 
waiting  time  w,  defined  as  the  period  between  the  moment 
when  a  packet  is  generated  by  a  station  and  the  moment 
when  its  transmission  commences  (13).  The  expected  wait¬ 
ing  time  and  second  moment  of  w  are  then  derived  to  be 
given  by 


,  1  £  [(« - 1)*+  >1  l 

H  nPn  x  ^ 

n  *  1  c  • 


round  overhead.  Let  P  be  the  transition  matrix  for  the 
embedded  Markov  process  n(i</>).  The  elements  of  P  are 
denoted  by  plk  and  are  given  by  ptk  *  Pr{  ") « 
Jk j«( )  =  / }.  Since  those  users  who  transmit  during  the 
round  can  only  generate  a  new  packet  after  they  have 
transmitted  the  one  backlogged  from  the  previous  round, 
the  probability  of  generating  a  new  packet  is  not  the  same 
for  all  users.  Therefore,  in  computing  the  transition  proba¬ 
bilities  plk.  we  must  account  for  all  possible  ways  that  k 
out  of  M  users  can  become  ready.  To  do  this  we  use  a 
recursive  approach  by  considering  the  instants  of  time  that 
correspond  to  the  end  of  a  transmission  period. 

Define  the  function  G(n,  m.  s)  as  the  probability  that,  in 
a  round  of  length  n.  m  users  have  generated  new  packets 


E[#Z]  =  l  y  np  l(n-'l)X+Y\eX[in  UX'y'[{«-\)X+Y-2/\\ 

n  ,  " 

n  -  i 


i)Y<  n  _  | 


(4) 

where 

"=  L  nPn ■  (5) 

n  -  o 


The  mean  and  variance  of  packet  delay  are  obtained  by 
adding  X  to  £[*»]  and  A"-  to  £( w2]-(  £(w])2,  respectively. 

From  the  distribution  {  pn },  one  can  also  easily  derive 
the  average  network  throughput  S  for  a  given  value  of  It 
is  simply  given  by 


S  = 


nT 

nX+Y 


(6) 


by  the  end  of  the  sth  transmission  period  of  that  round. 
We  compute  G(n.  m,  s)  in  terms  of  G(n.  m\  s  -  1)  and  we 
do  this  by  computing  the  probability  that  m  -  m'  new 
packets  are  generated  in  the  sth  transmission  period  out  of 
a  possible  M  -(»  -  s  +  1)- m\  (Since  n  -  s  +  1  users  are 
still  waiting  to  transmit  in  this  round,  they  cannot  generate 
new  packets  )  Summing  over  all  possible  values  of  m'  gives 
G(n.  m.s)  as  follows. 


G(n.m.s) 


^  /  M  -  (n  -  s  +  \)~  m' 
o  '  m-m' 


[p(x))m~m  [\-  p{X)\ 
■G(n,m',  s  - 1)  s  *  0 


M  in  j  i  1| 


(7) 


Note  that  as  A  -» oo.  n  -*  M  and  the  throughput  reaches  a 
maximum  given  by  MT/(  MX  +  Y ). 

B  Analysis  of  the  Gated  Sequential  Service  Discipline 

Let  /i(  t )  denote  the  number  of  backlogged  users  at  time  t 
and  let  r1/1  denote  the  start  of  the  rth  round.  Since  only 
those  users  who  are  backlogged  at  t1/1  can  transmit  in 
round  r.  the  number  of  transmissions  in  the  rth  round  is 
given  by  n(ty}).  The  number  of  backlogged  users  at  the 
start  of  round  r  +  1  depends  on  the  length  of  round  r  and 
the  arrival  of  packets  during  this  round.  Hence,  the  num¬ 
ber  of  backlogged  users  at  //*",  denoted  by  nit1/'1’). 
depends  only  on  )  and  the  events  that  occur  during 
the  rth  round.  Thus,  ( /»(/''’).  r  e  (  -  x, »)}  constitutes  an 
embedded  Markov  process.  So  we  can  use  the  properties  of 
Markov  processes  to  derive  the  analytic  solution  for  the 
performance  of  the  system. 

I)  Mean  Value  Analysts:  For  the  mean  value  analysis  the 
state  of  the  system  at  an  embedded  point  is  described 
sufficiently  by  the  number  of  users  who  are  backlogged  at 
this  instant.  Consider  two  consecutive  embedded  points  t 
and  t y '  ".  The  time  interval  [t{y\ t1/*  "|  is  called  a  cycle. 
Each  cycle  is  considered  to  consist  of  two  subcycles.  The 
first  is  that  part  of  the  cycle  where  packets  are  being 
transmitted.  The  second  is  that  period  which  is  the  inter- 


where  pit)  is  the  probability  of  a  single  user  generating  a 
packet  during  an  interval  t.  Since  interarrival  times  are 
exponentially  distributed  with  rate  X  this  is  given  by 

/>(/)  =  1-e  *'•  (8) 

At  the  beginning  of  the  round  (s  =  0),  there  must  be  with 
probability  1  no  new  packets  generated.  Therefore. 
G(n,m,0)  =  l  for  m  =  0  and  G(n,m.0)  =  0  for  m  *  0. 
Starling  with  these  initial  conditions,  the  recursion  in  (7) 
ends  at  Gfn.m.n),  the  probability  that  m  users  have 
generated  new  packets  by  the  end  of  the  first  subcycle. 

Using  (7)  and  considering  additional  arrivals  during  the 
interround  overhead  period  allows  us  to  compute  the  ele¬ 
ments  of  the  transition  matrix  P. 

p,i- ic(,././)(";^)i?mi‘  ii-finr  ‘. 

w 

Given  P  we  can  calculate  the  stationary  distribution  of  the 
backlog  at  the  embedded  points,  the  average  throughput, 
and  average  delay  using  results  from  the  theory  of  regen¬ 
erative  processes.  The  stationary  distribution  is  denoted  by 

n  -  (rr0.-  •  •,»*). 

Average  Throughput:  Since  w( f * '* )  is  a  regenerative 
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process  the  channel  throughput  can  be  computed  as  the 
ratio  of  the  expected  time  that  the  channel  is  busy  in  a 
cycle  to  the  expected  length  of  a  cycle  (4|.  (15).  Hence,  the 
expected  throughput,  denoted  by  S.  is  simply 


(10) 


Average  Packet  Delay:  Consider  each  user  to  be  a 
single  buffer  queueing  system  with  loss  and  exponential 
interarrival  times.  The  expected  delay  of  a  packet  in  such  a 
system  can  be  computed  as  the  difference  between  the 
expected  interdeparture  time  and  the  expected  interarrival 
time.4  Letting  a,  denote  the  expected  throughput  of  packets 
from  user  /.  the  expected  interdeparture  time  of  packets 
from  user  i  is  simply  1/s,.  Hence,  the  expected  delay  of  a 
packet  from  user  i  is  given  by 


Averaging  over  all  the  users  gives  the  expected  delay  of  a 
packet  D  as 


where  we  have  used  the  fact  that  5 - £*,•*,• 

2)  Distribution  of  Delay  Analysis:  We  now  derive  the 
distribution  of  packet  delay  in  order  to  compute  the  higher 
order  moments  of  delay.  In  the  distribution  of  delay  analy¬ 
sis  we  select  a  single  user  and  consider  packets  only  from 
this  user.  We  refer  to  this  user  as  the  tagged  user.  This 
approach  will  not  only  yield  an  expression  for  the  distribu¬ 
tion  of  delay  but,  by  tagging  different  users  on  the  net¬ 
work,  will  enable  us  to  compare  the  performance  achieved 
by  the  different  users.  From  this  we  can  see  how  a  user’s 
physical  location  on  the  network  can  affect  the  quality  of 
the  service  it  gets  from  the  network. 

Let  Af,  l  <  N  <  M ,  denote  the  tagged  user.  As  in  the 
mean  value  analysis  we  consider  the  beginning  of  a  cycle  to 
constitute  an  embedded  point  defining  an  embedded 
Markov  chain.  However,  in  order  to  completely  describe 
the  state  of  the  system  at  the  embedded  point,  the  state 
descriptor  must  contain  information  about  the  state  of  the 
tagged  user,  the  number  of  active  users  upstream  from  the 
tagged  user,  and  the  number  of  active  users  downstream 
from  the  tagged  user.  Thus,  the  state  of  the  system  at  the 
beginning  of  the  current  round  must  be  described  by  a 
vector  with  three  elemenu(^(/J',)>  /i.fi*'1),  nAt(,''))  where 
nm(0  and  nz(>)  are  the  number  of  active  users  upstream 
and  downstream  from  the  tagged  user  at  time  f,  respec¬ 
tively,  and  S(t)  indicates  the  state  of  the  tagged  user  at 


*An  alternative  approach  is  to  use  Little’s  result  to  compute  the  avera|e 
packet  delay  as  the  ratio  of  the  averaae  backlog  of  packets  to  the  average 
channel  throughput  The  reader  is  referred  to  (16]  for  the  details  of  this 
approach. 


time  t.  6(r)  can  take  on  the  values  0  and  1  denoting  the 
tagged  user  to  be  idle  or  busy,  respectively.  nu(t )  and  n j(l) 
are  in  the  range  [0,  N  -  1)  and  [0.  M  -  N}<  respectively.  To 
simplify  the  notation  for  the  state  descriptor  we  define 
•^(O  =  (6(0.  «„(/).  rtj(f )). 

We  first  compute  the  transition  matrix  P  for  the  em¬ 
bedded  Markov  process  y’(ti/)).  We  partition  the  users 
into  three  groups.  The  first  consists  of  those  users  on  the 
upstream  side  of  the  tagged  user;  the  second  consists  of 
those  users  on  the  downstream  side  of  the  tagged  user;  the 
third  consists  of  the  tagged  user.  We  compute  the  slate 
transition  probabilities  by  considering  new  arrivals  to  the 
system  from  each  group  separately.  We  now  present  a 
generalized  form  of  the  recursive  function  that  was  used  in 
the  mean  value  analysis.  We  use  this  generalized  version  to 
compute  the  state  transition  probabilities  for  the  upstream 
and  downstream  groups  of  users. 

Consider  a  sequence  of  x  consecutive  transmissions 
by  users  from  a  single  group.  Define  the  function 
Gz(x,  m,s\y)  to  be  the  probability  that,  in  a  transmission 
sequence  of  length  x,  m  users  have  generated  new  packets 
by  the  end  of  the  sth  transmission  period  in  this  sequence, 
given  that  y  users  had  already  generated  new  packets  at  the 
beginning  of  the  sequence.  The  subscript  Z  denotes  the  size 
of  the  population  of  users  of  this  group.  We  can  write  this 
function  as 


Gz(x,m,s\y) 

*?r{ng{th  +  sX)~x-s  +  m|n,(rA)  - x  +  y) 


where  ng(t)  denotes  the  number  of  users  from  group  g  who 
are  in  the  backlogged  state  and  th  is  the  lime  corresponding 
to  the  beginning  of  the  first  transmission  in  the  sequence. 

For  s  >  0  we  can  compute  Gz  recursively  by  considering 
the  number  of  new  arrivals  during  the  sth  transmission 
period. 


Gz(x,m,s\y) 


Z  -  (x  -  s  +  \)~  m' 
m  ~  m' 


Gz(x,m',s-\\y ) 

5  #  0,  s  K  x.  (13) 


At  the  beginning  of  the  sequence  there  must  be  exactly 
x  +  y  users  backlogged  and  so  the  boundary  conditions  on 
(13)  are  given  by  Gz(x, m.OlyO-l  for  m»  y  and  0  fer 
m  #  y. 

Since,  in  a  given  round,  new  arrivals  to  the  system  do 
not  affect  the  order  of  transmissions  in  this  round  and 
since  each  user’s  arrival  process  is  independent,  the  transi¬ 
tion  probabilities  over  one  cycle  can  be  computed  as  the 
product  of  the  transition  probabilities  of  each  group  of 
users  over  the  cycle.  Using  (13)  and  conditioning  on  the 
size  of  the  backlog  of  the  upstream  and  downstream  users 
at  the  beginning  and  end  of  their  respective  transmission 
sequences  allows  us  to  compute  the  elements  of  the  trans¬ 
mission  matrix  P.  For  d(r‘r>)  -  0  we  get 
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For  <5( )  =  1  we  get 


(Mo+;)*+nr[i-p((/+j)*+>)r " 

■  £  Gs_ ,(».  h,ip)^‘W  ~^~hy  pi  jX  +>')!*  h[\-p(,X^  r  )i '  ’  4 

/  h  .  (14) 

•  E  E  [f('A')],[i-p(/A')1w  v  '  ‘o\,  v(/./»./i») 

*  -  0  i  ■  0  '  y  ' 

("7_VA)l'>(r)i'  ‘ii-wnr  v  ' 


p(u, ;)(/*,*,/)  = 


[p(jX  +  Y)y{\- P{jX  +  Y)Y  “ 

•  IoGvl(/.A,/|0)(yV/,;^;')(/>((y  +  l)A'+K))4  *[  1  -/>((/  +  1 )  X*  Y  )j  '  1  * 
£  E  ( /V_  ^  -  ^  +  i)x)]  ’  [l  -  ^((/  +  1)  X)]  w  v  '  'Cu  Aj.h.jW) 

i,  .  o  i  -  o  '  ■'  I 


From  P  we  can  compute  the  stationary  distribution  at  the 
embedded  points  II  =  (v0  -  ■  ■  nM). 

Consider  now  an  arbitrary  arrival  to  the  system  in  cycle 
r  from  the  tagged  user.  The  delay  incurred  by  this  packet 
consists  of  two  components;  the  delay  incurred  from  the 
instant  of  arrival  until  the  end  of  cycle  r  and  the  delay 
incurred  from  the  beginning  of  round  r  +  1  until  the  end  of 
the  transmission  of  this  packet.  The  distribution  of  delay  is 
given  by  the  convolution  of  these  two  components  of  delay. 

Since  the  arrival  process  is  memoryless  we  recognize  that 
the  distribution  of  delay  of  the  first  component  of  delay  is 
given  by  the  distribution  of  delay  of  a  packet  over  an 
interval  [0./]  given  that  the  arrival  occurs  in  this  interval 
and  that  the  packet  remains  backlogged  for  the  remainder 
of  the  interval.  Let  0  <  /„  «  /,  denote  the  arrival  time  of 
the  packet.  Then,  the  delay  incurred  by  the  packet  over  the 
interval  (0.  r}.  denoted  by  D,  is  D  =  t  ~  ta.  Since  inter- 
arrival  times  are  exponentially  distributed  with  mean  1/A. 
the  cumulative  distribution  function  of  delay  is  given  by 

Pr  {  D  <  d\tu  «  t }  -  Pr  { ta  >  t  -  d\tu  <  t } 


1  -  e  M 


Differentiating  with  respect  to  d  gives  the  probability  den¬ 
sity  function.  From  this  distribution  function  we  can  com¬ 
pute  the  Laplace  transform  of  the  distribution  of  delay  of  a 
packet  over  the  interval  {0, /]  given  that  the  packet  arrives 
in  this  interval.  This  distribution  function  denoted  by 
<f*U.  s)  is 


e-,,-ex' 


Given  that  this  arbitrary  arrival  is  in  a  round  with 


~  (<*.  i<  J)  and  nu('Y '  h ) =  k  then  the  Laplace 
transform  of  the  distribution  of  delay  of  the  first  compo¬ 
nent  of  packet  delay  is  given  by  jX  +  K.  .v)  if  a  =  1  or 
+  j)X  +  Y.  s)  if  o  =  0.  The  second  component  of 
delay  is  simply  (k  +  \)X.  The  Laplace  transform  of  the 
distribution  of  the  total  delay  incurred  by  a  packet  arriving 
in  such  a  round,  denoted  by  *  .,(.v).  is  given  by  the 

product  of  the  transforms  of  the  two  distributions. 

..  .  ,  /*•(('  + j)X+Y..s)e  '“•'»*  o  =  0 

(a.i.yXl.L.*)  ^ )  \f(jX+Y.s)e  0=1. 


The  probability  that  this  arbitrary  packet  arrives  in  a 
cycle  with  y,(i</')  =  (a,  i ,  j )  and  nu(i\.r'  ")  =  k  is  given  by 

f|<t.i. /MI.L.’I 

(18) 

where  by  conditioning  on  5(/‘.'"‘ ")  =  1  we  have  condi¬ 
tioned  on  the  event  of  an  arrival  from  the  tagged  user  in 
cycle  r.  Using  conditional  probability,  f  can  be  expressed 
as 

st  v 

f|n.i. /XI.  !■. *1  ~  K  E  WI«.|.  y  I  Pm.  I. /XI.  *  .0  (19) 

/-  (I 

where  the  constant  K  can  be  determined  from 
I  ,v  i  v  v  v  i 

E  E  E 

a-Oi-ll  j-0  k  -  n 

Using  (19)  to  remove  the  conditions  on  o,  i.j.  and  A  in  (17) 
we  can  express  the  Laplace  transform  of  the  distribution  of 
delay  of  a  packet  from  the  tagged  user  as 


m 
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D*(S)=  £  jL  H  £  £<«./. /Hi. i. •>‘AVi.  jHl. *. )' 
o  -  0  i  -O  /  -  II  L  -  0 

(20) 

By  successive  differentiation  of  (20)  and  letting  s  =  0  one 
can  compute  the  moments  of  delay  to  any  order. 

V.  Numerical  Results 

We  discuss  in  this  section  numerical  results  showing  the 
performance  of  Expressnet  operating  under  the  NGSS 
discipline  and  Fasnet  operating  under  the  GSS  and  MUFS 
disciplines.  Let  a  =  r/T.  The  unit  of  time  is  taken  to  be  the 
transmission  time  of  a  packet  (i.e.,  T  =  l).  In  both  Ex¬ 
pressnet  and  Fasnet  we  neglect  the  interpacket  overhead  ta 
since  this  is  assumed  to  be  small  compared  to  the  length  of 
the  packet.  The  interround  overhead  F  is  then  taken  to  be 
2 a  for  Expressnet  (and  hence  for  NGSS),  and  [2a]  + 1  for 
Fasnet  (and  hence  for  GSS  and  MUFS).  The  performance 
of  these  networks  for  various  values  of  a  and  M  is  pre¬ 
sented  in  terms  of  the  throughput  as  a  function  of  the 
generation  rate  of  packets,  the  maximum  channel  utiliza¬ 
tion  referred  to  as  the  network  capacity,  and  the  through- 
pul-delay  tradeoff.  These  results  show  that  all  three  service 
disciplines  exhibit  similar  performance  characteristics.  This 
is  to  be  expected  since  they  are  merely  variations  of  a  basic 
round-robin  algorithm.  However,  there  are  interesting  dif¬ 
ferences  which  we  will  highlight  in  the  discussion.  All 
numerical  results  are  obtained  from  analysis  with  the  ex¬ 
ception  of  MUFS  when  F>1  in  which  case  simulation  is 
used.  The  reason  is  that,  as  pointed  out  in  Section  IV  and 
the  Appendix,  the  analysis  outlined  in  the  Appendix  for 
MUFS  gives  pessimistic  results  when  F>  1.  In  most  of  the 
results  shown  below,  the  preamble  in  Expressnet  has  been 
assumed  to  be  negligible  except  for  certain  figures  where  its 
effect  is  explicitly  shown. 

In  Fig.  5  we  show,  for  each  of  the  three  service  disci¬ 
plines,  the  behavior  of  the  throughput  S  as  a  function  of 
the  aggregate  generation  rate  MX  for  a  » 1.0  and  10,  and 
M  -  20  and  50.  MX  is  the  rate  at  which  packets  would  be 
presented  to  the  system  if  all  users  were  in  the  idle  state. 
The  curves  show  that  5  increases  steadily  as  MX  increases 
from  zero  until  some  Finite  value  of  MX  (in  the  vicinity  of 
one),  and  remains  practically  constant  as  MX  increases 
further.  This  shows  that  the  system  remains  stable  as  the 
load  increases  to  infinity.  (Contrast  this  to  CSMA/CD 
where  stability  can  only  be  achieved  by  using  some  form  of 
dynamic  control  or  a  long  rescheduling  delay  leading  to  a 
high  packet  delay  (17).)  Note  how,  as  a  result  of  gating  (i.e., 
the  delaying  of  packets  until  the  round  following  the  one  in 
which  they  were  generated),  the  throughput  achieved  by 
GSS  is  always  less  than  or  equal  to  that  achieved  by  NGSS 
and  MUFS.  For  MUFS  with  a  - 10,  the  curves  (which  are 
obtained  by  simulation),  exhibit  a  slight  hump  before  5 
levels  off  to  its  constant  value.  This  occurs  since,  at  the 
generation  rate  corresponding  to  the  hump  in  S ,  all  users 
are  on  the  average  transmitting  in  every  round,  but  some 
users  happen  to  generate  and  transmit  their  packets  during 
the  interround  overhead;  this  results  in  a  lower  effective 
overhead  and,  hence,  higher  throughput  than  expected. 


Generation  rate 

Fig.  5.  Channel  throughput  as  a  function  of  the  generation  rate  M\T 
for  NGSS.  GSS.  and  MUFS 


Fig.  6.  Network  capacity  versus  a  for  Expressnet  and  Fasnet. 

As  the  network  reaches  saturation,  S  approaches  a  finite 
value,  given  by  M/(M(1  +  f, )+  F)  independent  of  the 
service  discipline,  which  we  cat!  the  network  capacity.  For 
NGSS  and  GSS  the  network  capacity  represents  the  maxi¬ 
mum  channel  utilization.  For  MUFS,  the  maximum  chan¬ 
nel  utilization  is  slightly  higher  than  the  network  capacity 
for  the  reasons  discussed  above.  The  difference  between 
the  network  capacity  for  NGSS  and  that  for  GSS  and 
MUFS  seen  in  Fig.  5  is  a  result  of  the  different  values  of  F 
in  Expressnet  and  Fasnet  for  the  same  value  of  a  (2a  and 
(2a|  +  l,  respectively);  recall  that  the  preamble  tf  is  as¬ 
sumed  here  to  be  zero.  In  Fig.  6  we  plot  for  Expressnet  and 
Fasnet  the  network  capacity  versus  a  for  various  values  of 
M.  Unlike  CSMA/CD  (see  (6)),  a  high  utilization  can  still 
be  achieved  for  large  a  when  M  is  large.  If  M  is  not 
sufficiently  large,  then  one  can  alter  the  access  protocol  to 
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Fig.  7.  Network  capacity  versus  a  for  Expressnet  with  M  —  1,  50,  and 

500.  and  with  three  values  of  the  preamble  corresponding  to  (,  —  0, 

0.257\  and  T. 

allow  each  user  to  transmit  more  than  one  packet  in  a 
round  thereby  achieving  a  high  utilization  as  for  large  M. 
Due  to  the  fixed  slot  size  in  Fasnet,  the  interround  over¬ 
head  does  not  decrease  below  two  slots  even  as  a  becomes 
very  small;  hence  the  poor  channel  utilization  in  the  case  of 
Fasnet  for  small  a  when  M  » 1.  In  Expressnet  there  is  no 
slotting  of  the  time  axis  and  so  as  a  -*  0  the  overhead 
becomes  zero  and  the  maximum  channel  utilization  goes  to 
1 .  The  effect  of  a  nonzero  preamble  on  the  network  capac¬ 
ity  for  Expressnet  can  be  seen  in  Fig.  7  where  some 
representative  curves  are  plotted.  A  preamble  which  is  on 
the  same  order  of  magnitude  as  the  packet  transmission 
time  will  cause  a  significant  degradation  in  the  capacity. 

The  relationship  between  5  and  average  delay  D  normal¬ 
ized  to  T  for  each  of  the  three  disciplines  is  shown  in  Fig.  8 
for  a  »  0.1  and  in  Fig.  9  for  a  **  1.0  and  10.  Also  in  Fig.  8  is 
plotted  the  relationship  between  S  and  D  for  CSMA/CD.5 
As  with  NGSS,  we  assume  that  the  preamble  for 
CSMA/CD  is  negligible.  This  figure  shows  how  favorably 
the  delay  performance  of  the  round-robin  schemes  com¬ 
pares  to  that  of  CSMA/CD.  No  throughput-delay  curves 
are  plotted  for  CSMA  in  Fig.  9  since  for  a  - 1.0  and  10  this 
access  scheme  achieves  a  very  small  network  capacity.  For 
the  three  round-robin  disciplines,  we  see  that,  for  a  given  5, 
D  is  fairly  insensitive  to  M  as  long  as  M  is  large  enough  so 
that  this  value  of  S  can  be  achieved.  We  also  see  that  the 
normalized  average  delay  increases  as  a  gets  larger.  How¬ 
ever,  if  a  (  -  t W/B)  has  become  larger  because  the  chan¬ 
nel  bandwidth  W  has  increased  or  the  packet  size  B  has 
decreased,  meaning  that  T  (  -  B/W)  has  decreased,  then 
the  actual  delay  is  slightly  smaller  than  that  obtained  with 
small  a;  the  packet  transmission  time  has  decreased  thus 
reducing  the  size  of  a  slot  and  the  length  of  a  round.  On 
the  other  hand,  if  a  has  become  larger  because  the  size  of 

’The  CSMA/CD  scheme  considered  here  is  the  slotted  non  persistent 
version  analyzed  in  (2|. 


Fig.  8.  Average  delay  normalized  by  the  packet  transmission  lime  T 
versus  the  channel  throughput  for  NGSS,  GSS,  MUFS,  and  CSMA/CD 
with  a  -  0.1. 


Throughput 

Fig.  9  Average  delay  normalized  by  the  packet  transmission  time  T 
versus  the  channel  throughput  for  NtiSS.  GSS.  and  MUFS  with  a  - 1.0 
and  10.  The  curves  for  MUFS  with  a  -  10  were  obtained  by  simulation. 
All  the  other  curves  were  obtained  from  the  analysis. 

the  network  has  increased,  meaning  that  7"  has  not  changed, 
then  the  actual  delay  will  have  increased  as  represented  by 
the  normalized  delay.  Although  the  performance  trends  for 
all  three  disciplines  are  similar,  the  results  do  show  some 
differences.  In  particular  one  should  note  that,  for  large  a 
(o  - 10),  MUFS  achieves  substantially  lower  delay  than  the 
other  two  schemes  as  long  as  the  throughput  is  not  close  to 
saturation.  This  is  due  to  the  fact  that  in  MUFS.  having 
generated  a  packet,  a  nondormant  user  transmits  this  packet 
in  the  next  available  slot  regardless  of  when  the  start  of 
cycle  appears.  In  particular,  at  S  -  0,  D  will  be  equal  to 
1.5F  since  a  user  can  transmit  its  packet  in  the  slot  im¬ 
mediately  following  the  one  in  which  it  was  generated. 


Mil  KIl'RNAL  ON  StLtt  Itt)  ARIAS  !N  l  OMMI'NIC  ATIONS.  VOI  sAC-l.NO  5.  NOVIMHIK  l**** 


f 


0  i  2  3  *  5  6  ?  d  910 

Thioug*t>u« 


Fig  10  Average  delay  normalized  by  the  transmission  time  T  versus  the 
ehannel  throughput  showing  the  effect  of  the  preamble  on  the 
throughput-delay  performance  of  NGSS 


instead  of  incurring  on  the  average  a  delay  of  aT  while 
waiting  for  the  SOC  as  in  GSS.  or  the  locomotive  as  in 
NGSS. 

The  average  packet  delay  (normalized  to  T)  versus  5  for 
NGSS,  in  the  case  where  the  preamble  is  not  negligible,  is 
plotted  in  Fig.  10  for  a  =  1  and  10  and  M  =  50.  As  ex¬ 
pected,  the  delay  for  a  given  S  increases  as  the  length  of 
the  preamble  increases. 

The  results  presented  above  were  obtained  from  the 
mean  value  analysis  and  represent  the  average  performance 
over  all  users.  For  Expressnet  with  the  NGSS  discipline, 
service  is  offered  to  each  user  when  it  sees  the  EOT  (either 
on  the  outbound  or  inbound  channel).  Therefore,  the  EOT 
can  be  viewed  as  an  implicit  token  passed  from  each  user 
to  the  next  in  sequence.  Due  to  the  symmetry  of  this 
organization,  the  system  is  fair  and  all  users  achieve  the 
same  performance.  In  GSS  and  MUFS  on  the  other  hand, 
the  synchronizing  event  is  the  beginning  of  a  slot  which 
always  sweeps  the  channel  from  the  most  upstream  user  to 
the  most  downstream  user.  As  will  be  seen  in  the  results 
discussed  below,  this  mode  of  operation  favors  the  up¬ 
stream  users  by  giving  channel  access  to  the  most  upstream 
of  all  the  users  contending  for  a  given  slot.  In  the  distribu¬ 
tion  of  delay  analysis  of  GSS  and  MUFS  we  derived  the 
performance  achieved  by  each  user.  This  enables  us  to 
determine  the  extent  to  which  this  performance  is  affected 
by  the  user's  location  on  the  network. 

First  we  consider  GSS.  In  Fig.  1 1  we  show  M  times  the 
throughput  achieved  by  the  most  upstream  user  and  the 
most  downstream  user  as  a  function  of  M A,  for  various 
values  of  M  and  a.  We  refer  to  these  two  users  as  user  1 
and  user  M.  respectively.  The  curves  show  that  initially.  S 
increases  as  MX  increases  from  zero.  At  low  loads  there  are 
long  idle  periods  between  packet  generations,  rounds  are 
short,  and  the  throughput  achieved  by  each  user  is  not 
sensitive  to  its  position  on  the  network.  As  the  network 
capacity  is  approached,  we  see  that  user  1  achieves  a 


Fig  11.  Throughput  multiplied  by  M  ver>u.'  ihc  generation  rale  WAT 
Tor  GSS  as  achieved  by  the  most  upstream  user  and  the  most  down¬ 
stream  user 

significantly  higher  throughput  than  user  M.  This  occurs 
since  in  any  given  round,  user  1,  having  transmitted  its 
packet  at  the  beginning  of  the  round,  has  the  remainder  of 
that  round  in  which  to  generate  a  new  packet  before  the 
next  SOC.  User  M  on  the  other  hand,  having  transmitted 
at  the  end  of  the  round,  has  only  the  interround  overhead 
period  before  the  next  SOC  in  which  to  generate  its  new 
packet  and  thus  is  less  likely  to  be  ready  at  the  beginning 
of  the  next  cycle.  As  M  increases  the  difference  in  S 
between  these  two  users  increases.  For  large  values  of  a  this 
difference  is  not  as  pronounced  as  for  small  a  due  to  the 
fact  that  the  interround  overhead  becomes  the  dominant 
factor  affecting  the  performance  results  and  its  effect  is  the 
same  on  all  users.  Finally,  as  MX  -*  oo.  user  M  will  gener¬ 
ate  a  new  packet  during  the  interround  gap  with  probabil¬ 
ity  1  assuming  that  a  >  0;  hence,  user  1  and  user  M  will 
achieve  the  same  throughput  which  is  given  by  the  network 
capacity  divided  by  M.  In  the  limiting  case  where  a  =  0. 
user  M,  having  transmitted  at  the  end  of  a  given  round, 
will  be  ready  at  the  beginning  of  the  next  round  with 
probability  0;  in  particular,  at  X  =  oo,  user  M  will  transmit 
once  in  every  two  rounds  and  achieve  a  throughput  of  only 
half  that  achieved  by  the  other  users.  The  throughput 
achieved  by  any  of  the  other  users  lies  within  the  bounds  of 
user  1  and  user  M.  In  fact,  any  given  user  will  achieve  a 
throughput  which  is  greater  than  any  user  downstream 
from  it  and  less  than  any  user  upstream  from  it.  Recall  that 
each  user  has  only  a  single  buffer.  If,  however,  a  multiple 
packet  buffer  is  provided,  then  a  user  could  generate 
additional  packets  for  transmission  before  transmitting  the 
one  at  the  front  of  the  queue.  This  would  reduce  the  extent 
of  the  unfairness  suffered  by  those  users  on  the  down¬ 
stream  side  of  the  network.  In  the  limiting  case  where  each 
user  had  an  infinite  buffer,  all  of  the  users  would  achieve 
the  same  throughput  assuming  that  they  were  all  generat¬ 
ing  packets  at  the  same  rate. 

For  the  MUFS  discipline,  the  throughput  is  plotted  as  a 
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Fig.  12.  Throughput  multiplied  by  M  versus  the  generation  rate  MKT 
for  MUFS  as  achieved  by  the  most  upstream  user  and  the  most 
downstream  user.  The  curves  shown  for  a  - 10  were  obtained  by 
simulation 

function  of  MX  for  a  « I  and  10  and  M  =  20  and  30  in  Fig. 
12  and  exhibits  the  same  characteristics  as  for  GSS.  Note 
that  for  MUFS  there  is  not  as  much  of  a  discrepancy  in  the 
service  achieved  by  the  individual  users. 

It  is  important  to  point  out  that  for  Fasnct,  there  are  two 
separate  channels  on  which  users  can  transmit  data.  In  the 
analysis  we  consider  only  one  of  these  and,  in  addition,  we 
assume  that  all  users  are  generating  packets  for  this  chan¬ 
nel  at  the  same  rate.  In  actual  fact  the  downstream  users 
on  a  given  channel  will  most  probably  require  a  lower 
throughput  on  this  channel  than  the  upstream  ones  since 
they  will  be  transmitting  mostly  on  the  other  channel.  In 
fact,  the  most  downstream  user  on  a  given  channel  will  not 
transmit  any  packets  on  that  channel  since  there  is  nobody 
further  downstream  to  receive  it. 

The  difference  in  average  delay  between  the  most  up¬ 
stream  and  most  downstream  users  is  shown  for  GSS  in 
Fig.  13  and  for  MUFS  in  Fig.  14.  Since  in  a  given  round 
user  1  is  serviced  before  user  M ,  it  achieves  a  lower  delay 
for  a  given  S.  It  is  interesting  to  note  that  in  GSS  the  delay 
of  user  1  is  bounded  from  above  by  the  maximum  length  of 
a  cycle  which  is  MT  +  Y.  For  user  M  the  delay  is  bounded 
by  twice  the  maximum  length  of  a  round  plus  an  inter- 
round  overhead  period,  that  is  2MT  +  Y,  even  though  at 
saturation  (X  -»oo)  the  delay  will  be  MT  +  T.  In  MUFS 
and  also  NGSS  the  delay  of  a  packet  from  any  user  is 
always  bounded  by  MT  +  Y. 

Finally,  we  examine  the  variance  of  delay.  The  relation¬ 
ship  between  the  variance  and  the  throughput  for  each  of 
the  three  service  disciplines  is  shown  in  Fig.  15  for  a  - 1.0 
and  10  and  for  various  values  of  M.  For  GSS  and  MUFS 
we  show  the  variance  of  delay  versus  5  as  achieved  by  user 
1  and  user  M.  Since  for  NGSS  all  users  achieve  the  same 
performance,  we  show  in  Fig.  15  the  variance  versus  S  as 
achieved  by  any  user  on  the  network.  For  S  -  0  the  vari¬ 
ance  is  nonzero  due  to  the  randomness  between  the  time  of 


Throughput 


Fig.  13.  Normalized  average  delay  versus  throughput  for  GSS  as 
achieved  by  the  most  upstream  user  and  the  most  downstream  user. 


The  curves  shown  for  a  - 10  were  obtained  by  simulation. 

arrival  of  a  packet  and  the  time  at  which  the  user  may 
transmit  this  packet.  Depending  on  the  service  discipline, 
the  time  at  which  a  user  may  transmit  may  be  after  the 
next  locomotive  or  after  the  next  SOC  in  the  case  of  NGSS 
or  GSS,  respectively,  or  at  the  beginning  of  the  next  slot  in 
the  case  of  MUFS.  This  implies  that,  for  large  o,  the 
variance  for  MUFS  at  low  S  is  lower  than  for  GSS  and  for 
NGSS  since  the  randomness  in  the  packet  delay  in  this 
case  is  associated  with  the  time  of  arrival  taking  place 
within  a  slot  which  is  shorter  than  the  period  separating 
two  consecutive  locomotives  or  SOC’s.  As  X  -» oo,  the 
variance  drops  to  zero  since  at  each  user,  a  new  packet  is 
generated  as  soon  as  the  previous  one  is  transmitted,  all 
rounds  are  of  full  length  and  the  packet  delay  is  determin- 
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Fig  15  Variance  of  delay  versus  throughput  for  (a)  NGSS.  (b>  CiSS.  and  to  MUFS  For  (1SS  and  MUFS  the  variance  a> 
achieved  by  the  most  upstream  use  and  the  most  downstream  user  is  shown  for  each  of  the  values  of  a  and  V  For  NGSS 
the  curves  shown  are  for  the  variance  as  achieved  by  anv  user  on  the  network.  The  curses  shown  for  a  =  It'  in  to  were 
obtained  bv  simulation 


istic  and  equal  to  MX  +  Y.  It  is  interesting  to  note  that  the 
variance  incurred  is  highest  for  S  close  to  the  network 
capacity  while  the  variance  is  zero  at  the  network  capacity. 

VI.  Conclusion 

In  this  paper  we  investigated  the  performance  of  two 
unidirectional  broadcast  systems  that  have  been  presented 
in  the  literature:  Expressnet  and  Fasnet.  Two  versions  of 
the  access  protocol  have  been  presented  for  Fasnet.  From 
these  two  protocols  and  the  one  for  Expressnet,  three 
service  disciplines  were  identified  which  we  called  non- 
gated  sequential  service  (Expressnet),  gated  sequential 
service  (Fasnet),  and  most  upstream  first  service  (Fasnet). 
In  addition  we  noted  that,  with  a  simple  change  in  their 
respective  access  protocols,  Expressnet  could  be  operated 
in  GSS  mode  and  Fasnet  could  be  operated  in  NGSS 
mode.  However,  only  Fasnet  could  support  MUFS. 

From  the  analyses  of  these  service  disciplines  numerical 
results  were  computed.  We  showed  that  these  systems, 
unlike  random-access  techniques,  can  achieve  a  channel 
utilization  close  to  100  percent  even  when  the  channel 
bandwidth  is  high  or  the  propagation  delay  of  the  signal 
over  the  network  is  large.  In  addition,  the  network  remains 
stable  as  the  load  increases  to  infinity  without  the  need  for 
any  dynamic  control  of  the  access  protocol.  The  through¬ 
put  delay  characteristics  are  excellent  and  the  maximum 
delay  is  bounded  from  above  by  a  finite  value  which  is 
easily  computed.  As  the  throughput  approaches  the  net¬ 
work  capacity  the  variance  of  delay  reaches  a  peak  and 
then  drops  to  zero.  At  network  capacity  the  system  be¬ 
comes  deterministic  with  all  users  transmitting  in  every 
round. 

Finally,  we  noted  that  all  three  service  disciplines  exhibit 
similar  performance  characteristics.  However,  in  GSS  and 
MUFS  there  is  an  element  of  unfairness  which  favors  some 
users  over  others  depending  on  their  location  on  the  net¬ 


work,  while  for  NGSS  the  access  protocol  is  completely 
fair  with  all  users  achieving  the  same  performance. 

Appendix 

Analysis  of  the  Most  Upstream  First 
Service  Discipline 

The  approach  for  this  analysis  is  similar  to  that  of  the 
analysis  for  GSS.  A  summary  of  the  mean  value  analysis  is 
given.  For  the  complete  analysis,  including  the  distribution 
of  packet  delay,  the  reader  is  referred  to  (16).  Again  we 
consider  two  consecutive  embedded  points  t(rr>  and  ('/’ 1  ’, 
and  define  the  slate  of  the  system  at  the  embedded  points 
by  the  number  of  backlogged  users  at  that  instant. 

Let  P  be  the  transition  matrix  for  the  embedded  Markov 
process  n(i(er)).  For  the  MUFS  discipline,  the  number  of 
transmissions  in  cycle  r  may  be  greater  than  n(t\n).  In 
order  to  compute  the  elements  of  P  we  condition  on  the 
number  of  transmissions  in  the  first  subcycle. 

p,l-  L  Pr{*(/r,,)=*i^= 

/-i 

•Pr  {  L  =  /|it(rI<.M)  =  i }  (A.l) 

where  L  is  the  random  variable  denoting  the  number  of 
transmissions  in  the  round.  Note  that  by  conditioning  on  L 
we  have  removed  the  dependency  of  nfrj'*1’)  on  n(t[r>). 
that  is.  Pr  ( n(r'cr* ")  =  *|L  =  /,  n(f*°)  =  i )  =  Pr  {«(/).' * 11 ) 

Let  0,(1)  ±  pr  [L  =  =  i}  and  let  <>,(*.)  = 

Pr{fl(/*'*  ")  =  A| L  =  /).  Instead  of  enumerating  all  possi¬ 
ble  events  over  the  cycle,  we  use  recursive  functions  in 
order  to  compute  6,(1)  and  <p,(k).  Consider  a  round  of  L 
transmissions  and  the  transmission  period  which  is  s  trans¬ 
mission  periods  from  the  end  of  the  round.  Define  the 
function  F(m.s)  as  the  probability  of  m  given  users  each 
generating  a  packet  in  the  next  s  transmissions.  F(m.s) 
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can  be  computed  recursively  by  assuming  that  we  know 
F(m  -  j.  s  -  1)  and  that  there  are  j  arrivals  during  trans¬ 
mission  period  s.  This  gives 

F(m,s) 

=  L  [n')p(X)J['-p(X)}n"JF(m-J.s-l). 
y-ow  ’ 

(A. 2) 

To  satisfy  the  constraints  of  the  system  we  require  that 
F(m,s)  =  0  for  m  >  s  and  s  *  0,  and  F( 0,0)  =  1.  These  are 
the  boundary  conditions  that  end  the  recursion  in  (A.2). 
Now  #,(/)  can  be  computed  as  (*''')/'(/-/./)  times  the 
probability  that  M  - 1  users  do  nothing  in  the  first  sub¬ 
cycle.  For  the  case  where  =  0  there  will  be  an  idle 

period  until  some  users  generate  packets.  We  assume  that 
the  round  then  begins  with  the  first  transmission  from  one 
of  these  users. 


second  subcycle.  Note  that  this  assumes  that  any  packets 
generated  during  the  second  subcycle  remain  backlogged 
until  the  next  cycle.  Although  this  assumption  is  exact 
when  Y  <  X,  it  becomes  inexact  when  Y  >  X  since,  in  the 
latter  case,  it  may  be  possible  for  a  nondormant  user  to 
both  generate  and  transmit  a  packet  during  the  second 
subcycle.  This  analysis  leads  to  pessimistic  results  when 
Y  >  X. 

The  elements  of  P  are  now  computed  as  plk  = 
Z^Lmix{l  ,)6,(l)<l>i(k).  Given  P  we  can  calculate  the  sta¬ 
tionary  distribution  FI. 

Average  Throughput:  As  in  the  analysis  of  GSS,  the 
average  channel  throughput  S  is  computed  as  the  ratio  of 
the  expected  time  in  a  cycle  that  the  channel  is  carrying 
packets  to  the  expected  length  of  cycle.  This  is  simply 
given  by 

LT 

S~  ir0X/(\-e-"KX)+  LX +Y  (A'6) 


(l-/>(/)]  0</<  M 


*,(/)  = 


w 


M 


/»( 1  )y  [  1  "  WO] 


»-> 


\,-i  i-li-WDl" 


-*,(/)  i-o. 


(A.3) 


where  L  is  the  expected  number  of  transmission  periods  in 
a  round.  Since  we  have  assumed  that  no  packets  are 
transmitted  during  the  second  subcycle,  L  can  be  com¬ 
puted  from  the  distribution  in  (A.3). 

Average  Packet  Delay:  As  in  the  analysis  of  GSS,  the 
average  delay  of  a  packet  is  given  by  D=M/S- \/\ 
where  S  is  given  by  (A.6). 


Having  conditioned  on  the  length  of  the  round,  we  can 
compute  <f>i(k)  using  a  similar  (and  simpler)  recursive 
function  to  the  one  used  in  the  GSS  analysis.  Consider  the 
jth  transmission  period  in  a  given  round.  Define  the 
function  G(m.s)  as  the  probability  that,  out  of  the  s  users 
who  transmitted  in  the  previous  s  transmission  periods,  m 
of  them  have  generated  new  packets.  Since  for  MUFS  only 
those  users  who  have  transmitted  in  the  previous  s  -  1 
transmission  periods  could  have  generated  packets  to 
transmit  in  the  next  round,  we  do  not  need  to  consider  any 
arrivals  from  a  user  who  has  not  yet  transmitted  in  the 
current  round.  G(m,s)  can  be  computed  recursively  by 
assuming  G(j,  s  -  l)  and  m  -  j  new  arrivals  in  the  jth 
transmission  period.  We  express  G(m.s)  as 

G(m.s) 

j- o\  m~J  I 

(A. 4) 

where  the  boundary  conditions  are  G(m,  s)  =  0  for  m^s 
and  G(0, 1)  =  1.  is  given  by 

*,(*)«  E  c(y./)(^_"y;)p(y)*-1i-p(y)]  w-‘ 

(A. 5) 

where  the  term  p(  Y)k  ';(1  -  p(Y)\"~k  accounts  for  the 
probability  that  k  -  j  users  generate  packets  during  the 
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Local  area  communications  networks  based  on  packet  broadcasting  techniques  pro¬ 
vide  simple  architectures  and  efficient  and  flexible  operation.  Various  ring  systems 
and  CSMA  contention  bus  systems  have  been  in  operation  for  several  years.  More  re¬ 
cently,  a  number  of  distributed  demand  assignment  multiple  access  (DAMA)  schemes 
suitable  for  broadcast  bus  networks  have  emerged  which  provide  conflict-free  broadcast 
communications  by  means  of  various  scheduling  techniques.  Among  these  schemes,  the 
Token-Passing  Bus  Access  method  uses  explicit  tokens,  i.e.,  control  messages,  to  provide 
the  required  scheduling.  Others  use  implicit  tokens,  whereby  stations  in  the  network 
rely  on  information  deduced  from  the  activity  on  the  bus  to  schedule  their  transmissions. 

In  this  paper  wc  present  many  implicit-token  DAMA  schemes  in  a  unified  manner,  iden¬ 
tify  their  basic  access  mechanisms,  provide  a  classification  thereof,  and  compare  them 
in  terms  of  performance  and  other  important  attributes. 

1.  INTRODUCTION 

Local  area  communications  networks  can  be  broadly  categorized  into  two  basic  types.  These 
are  broadcast  busses  and  ring  systems  (lj,  [2],  [3j.  In  ring  systems  the  data  flow  is  unidirectional, 
propagating  around  the  ring  from  station  to  station.  The  interface  between  the  station  and  the 
network  is  an  active  device  which  receives  the  signal  from  the  incoming  line  and  retransmits 
it  on  the  outgoing  line.  Various  techniques  for  accessing  the  channel  exist  which  give  rise  to 
various  types  of  ring  networks  such  as  token  rings,  slotted  rings,  and  register  insertion  rings. 
Ring  networks  provide  high  channel  utilization  and  bounded  packet  delay.  However,  reliable 
operation  of  the  network  relies  on  the  integrity  of  explicit  information  such  as  a  unique  token, 
slot  boundaries,  and  slot  status,  and  on  the  proper  operation  of  the  active  taps  in  relaying  the 
packets  and  removing  them  at  cither  the  receiver  or  the  sender. 

In  broadcast  bus  networks,  random  access  methods  such  as  CSMA  have  been  effectively 
employed.  The  Ethernet  [4]  is  a  common  example.  These  schemes  are  simple  to  implement, 
robust,  and  arc  considered  more  reliable  than  img  networks  since  the  taps  and  medium  used  are 
generally  passive.  However,  due  to  random  conflicts,  a  fraction  of  the  bandwidth  is  wasted  and 
packet  delay  is  unbounded.  Moreover,  it  has  been  shewn  that  the  performance  of  CSMA/CD 

degrades  significantly  as  the  ratio  a  =  tW / ]}  increases,  where  r  is  the  end-to-end  propagation 
delay  of  the  signal  across  the  network,  W  is  the  channel  bandwidth  and  B  is  the  number  of 
bits  per  packet  [5],  [20]. 

More  recently,  a  number  of  new  demand  assignment  multiple  access  (DAMA)  schemes  for 
broadcast  busses  have  been  proposed  which  provide  conflict-free  transmission  using  distributed 
access  protocols  with  round  robin  scheduling  functions.  Using  token  passing  techniques  leading 
to  bounded  delay,  these  schemes  are  also  suitable  for  bus  systems  using  passive  components. 
The  stations  that  are  “alive”  from  what  is  called  a  logical  ring.  In  some  of  these  schemes,  such 
as  the  Token-Passing  Bus  access  method  [G],  the  token  is  an  explicit  message  which  gets  sent 
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Fig.  1  Topology  of  the  bidirectional  bus  system 

around  the  logical  ring  to  provide  the  required  scheduling;  the  station  holding  the  token  at  any 
instant  is  the  one  that  has  access  to  the  channel  at  that  instant.  It  relinquishes  its  right  to 
access  the  channel  by  transmitting  the  token  to  the  next  one  in  turn.  However,  as  in  rings,  the 
robustness  of  these  networks  depends  on  the  integrity  of  the  token  and  on  the  proper  operation 
of  the  involved  stations.  As  in  random  access  networks,  the  performance  degrades  significantly 
with  a. 

In  contrast  to  those  schemes  where  a  station  transmits  an  explicit  token  to  the  next  in  turn, 
in  others  the  stations  rely  on  various  events  due  to  activity  on  the  channel  to  determine  when 
to  transmit.  Since  the  token  passing  operation  is  implicit,  the  overall  robustness  of  the  network 
is  improved  over  token  bus  networks.  Here  too,  packet  delay  is  bounded;  but  in  addition  both 
throughput  and  delay  arc  much  less  sensitive  to  a,  thus  rendering  these  schemes  particularly 
suitable  to  networks  with  high  bandwidth,  small  size  packets  (as  those  arising  from  real  time 
applications),  and  long  distances. 

Most  of  these  implicit-token  DAMA  schemes  have  been  independently  proposed  and,  from 
reading  their  descriptions,  they  appear  to  be  completely  different.  However,  with  careful  ex¬ 
amination  it  is  apparent  that  basic  comonalities  can  be  identified  which  become  explicit  by 
presenting  the  schemes  in  a  unified  manner.  In  addition,  with  such  a  presentation,  the  unique 
features  of  each  scheme  can  be  easily  identified.  This  has  been  the  objective  of  this  work; 
namely,  to  provide  a  clear  and  consistent  presentation  of  many  implicit- token  DAMA  schemes, 
show  their  fundamental  similarities,  and  identify  their  differences.  It  is  possible  to  identify 
three  basic  access  mechanisms  according  to  which  these  schemes  can  be  classified.  These  axe 
the  scheduling- delay  access  mechanism,  the  reservation  access  mechanism  and  the  attempt- 
and-defer  access  mechanism.  In  section  II  we  describe  in  general  terms  these  three  access 
mechanisms  and  their  underlying  network  topologies.  In  this  paper  however,  we  focus  only  on 
those  schemes  that  fall  into  the  first  class;  that  is,  those  schemes  using  the  scheduling-delay 
access  mechanism.  This  in  depth  presentation  is  given  in  section  III.  For  clarity  we  avoid  a 
chronological  presentation  but  rather  the  schemes  are  described  in  an  order  which  allows  a  log¬ 
ical  development  and  clear  understanding  of  their  features.  In  a  forthcoming  paper  to  appear 
in  the  I  FEE  Transactions  on  Computers  we  present  the  remaining  schemes. 

II.  CLASSIFICATION  OF  IMPLICIT  TOKEN  DAMA  SCHEMES 

The  objective  of  each  of  the  DAMA  schemes  under  consideration  is  to  provide  a  distributed 
conflict-free  round-robin  scheduling  function  without  the  use  of  explicit  tokens.  Although  large 
in  number,  these  schemes  can  be  grouped  into  three  subsets  according  to  the  basic  mechanisms 
used  in  accomplishing  the  objective.  These  three  basic  access  mechanisms  are:  the  scheduling 
delay  access  mechanism ,  the  reservation  access  mechanism,  and  the  atlcmpt-and-defer  access 
mechanism. 

In  presenting  these  basic  mechanisms,  three  distinct  broadcast  bus  network  configurations 
can  be  identified.  The  first  is  the  bidirectional  bus  system  (BlbS)  in  which,  as  with  Ethernet,  the 
signal  transmitted  by  a  station  propagates  in  both  directions  to  reach  all  other  stations  on  the 
bus.  (See  Fig.  1.)  The  second  is  the  unidirectional  bus  system  (UBS)  in  which  the  transmitted 
signal  propagates  in  only  one  direction.  Broadcast  communications  is  then  achieved  in  different 
ways.  One  way  is  to  provide  two  unidirectional  busses  with  signals  propagating  in  opposite 


Fig.  2  Two  configurations  of  the  unidirectional  bus  system 

directions  as  shown  in  Fig.  2(a).  Another  way  is  to  fold  the  cable  onto  itself  (or  to  use  a 
separate  frequency  channel  in  the  case  of  broadband  signaling)  so  as  to  create  two  channels, 
an  outbound  channel  onto  which  the  users  transmit  packets  and  an  inbound  channel  from 
which  users  receive  packets,  and  such  that  all  signals  transmitted  on  the  outbound  channel  are 
repeated  on  the  inbound  channel.  (See  Fig.  2(b).)  The  third  configuration  is  the  bidirectional 
bus  with  control  (BBC)  which  consists  of  a  bidirectional  bus  along  with  an  auxiliary  control 
wire  used  to  control  the  allocation  of  the  bus. 

We  now  describe  the  three  different  basic  access  mechanisms.  We  consider  that  there  are 
jAf  stations  in  the  network.  Wc  assume  the  stations  to  be  numbered  1  through  M .  As  it  will 
be  apparent  in  the  sequel,  for  some  schemes  this  numbering  is  a  requirement  and  is  explicitely 
made  use  of  in  the  algorithm,  while  for  other  ^schemes  it  merely  serves  the  purpose  of  clarity 
in  piesentation.  We  shall  denote  by  5,  the  station  with  index  t.  Furthermore,  a  station  which 
has  a  message  to  transmit  is  said  to  be  backlogged.  Otherwise,  it  is  said  to  be  idle. 

a)  The  scheduling  delay  access  mechanism.  This  class  is  suitable  for  the  BBS  configuration 
where  the  only  means  for  coordinating  the  access  of  the  various  users  following  the  end  of  a 
transmission  is  by  staggering  the  potential  starting  times  of  these  users.  More  specifically,  each 
station  is  assigned  a  unique  index  number.  These  indices  form  a  logical  ring  which  determines 
the  order  in  which  stations  are  allowed  to  transmit.  Included  with  each  transmission  is  a  field 
for  the  index  number  of  the  sending  station.  Let  S{  be  the  station  currently  transmitting.  Let 
EOC(t')  denote  its  end-of -carrier.  Following  the  detection  of  EOC(t),  station  5;  assigns  itself  a 
scheduling  delay  Hj{ t),  function  of  both  t  and  ;,  according  to  which  it  schedules  its  potential 
transmission.  Hj[i)  is  sufficiently  long  such  that,  if  at  least  one  of  the  stations  with  indices 
between  5,  and  Sj  is  backlogged,  then  that  backlogged  station  which  is  the  next  in  sequence 
following  S{  would  have  begun  to  transmit  its  packet  and  would  have  been  detected  by  S}  before 
the  scheduled  transmission  time  of  Sj,  thus  resulting  in  a  round-robin  scheduling.  The  network 
schemes  considered  in  this  paper  that  use  this  access  mechanism  are  BRAM  [7],  MSAP  [8], 
SOSAM  [9],  BID  [10],  Silentnet  [11],  and  L-Expressnet  [12]. 

b)  The  reservation  access  mechanism.  This  class  is  mainly  suitable  for  the  BBC  configura- 


tion  in  which  the  stations  use  the  control  wire  to  place  reservations  and  to  reach  a  consensus  on 
the  next  station  to  transmit  prior  to  the  transmission  on  the  bus,  according  to  some  measure 
such  as  the  relative  positions  of  the  stations  on  the  network,  or  their  addresses.  Examples  of 
such  schemes  are  DSMA  [13],  and  the  control  wire  systems  of  [14]  and  [16].  The  reservation 
access  mechanism  can  also  be  implemented  on  a  UBS  configuration.  For  robustness  purposes, 
reservations  consist  of  unmodulated  bursts  of  carrier.  These  are  transmitted  on  the  same  bus 
interleaved  with  packet  transmissions.  Consensus  here  can  be  reached  due  to  the  ordering  of 
the  stations,  implied  by  the  unidirectionality  in  transmission  and  the  stations’  positions  on  the 
bus.  An  example  of  this  is  UBS-RR  [17]. 

c)  The  attempt-and-defer  access  mechanism.  This  mechanism  can  only  be  implemented 
on  UBS  configurations  where  there  is  an  implicit  ordering  of  the  stations.  Using  this  access 
mechanism,  a  station  wishing  to  transmit  waits  until  the  channel  is  idle.  It  then  begins  to 
transmit  thus  establishing  its  desire  to  acquire  the  channel.  However,  if  another  transmission 
from  upstream  is  detected  then  this  station  aborts  its  transmission  and  defers  to  the  one  from 
upstream.  The  upstream  transmission  is  therefore  allowed  to  continue  conflict-free.  Examples 
of  network  schemes  that  use  this  access  mechanism  are  Expressnet  [20],  D-Nct  [21],  Fasnet  [22], 
U-Net  [24],  Token- Less  Protocols  [25],  MAP  [26],  CSMA/CD-DCR  [27],  and  Buzznct  [28]. 

In  the  following  section  we  present  those  schemes  that  use  the  scheduling-delay  access 
mechanism.  We  discuss  their  similarities  and  differences,  and  examine  their  performance. 

For  all  schemes,  we  consider  that  the  bandwidth  W  is  the  same,  and  that  all  packets  contain 
a  fixed  number  of  bits,  B,  giving  a  constant  packet  transmission  time  equal  to  T  =  B/W .  All 
the  schemes  considered  are  asynchronous  and  hence  the  transmission  of  each  packet  is  preceded 
by  the  transmission  of  a  preamble  needed  for  receiver  synchronization.  The  transmission  time 
of  such  a  preamble  is  denoted  by  Q.  We  consider  that  it  takes  a  nonzero  amount  of  time  A 
for  a  station  to  detect  the  presence  or  absence  of  carrier  on  the  bus.  We  also  consider  that  it 
takes  a  nonzero  amount  of  time  $  for  a  station  to  decode  the  index  of  the  last  station  to  have 
transmitted  and  to  compute  the  scheduling  delay.  Due  to  the  different  amount  of  computation 
invol  ved,  it  is  possible  that  $  takes  on  different  values  for  different  schemes.  While  r  denotes 
the  naximum  bus  end-to-end  propagation  time,  we  let  Tij  denote  the  signal  propagation  time 

between  5,  and  Sy.  Normalizing  time  to  T,  we  let  o  =  r/T,  6  =  A/T,  u;  =  Q/T,  and  if)  =  $/T. 
In  a1!  schemes,  there  is  an  overhead  incurred  in  the  transfer  of  access  right  from  one  user  to 
the  r  ext  backlogged  station  in  sequence.  The  amount  of  overhead  associated  with  each  scheme 
has  a  primary  effect  on  the  performance  of  that  scheme.  To  keep  the  performance  evaluation 
simple  and  yet  be  in  a  position  to  adequately  compare  the  various  schemes,  we  consider  the 
situation  in  which  a  subset  of  stations  of  size  N,  N  <  M ,  is  continuously  backlogged,  whereas 
the  'emaining  M  —  N  users  are  idle.  The  case  N  =  M  is  referred  to  as  the  heavy  traffic 
condition.  The  performance  of  a  scheme  is  given  in  terms  of  the  channel  utilisation  C(M,N) 
repr  -seating  the  fraction  of  time  spent  in  packet  transmission  (as  opposed  to  synchronization 
and  protocol  overhead),  and  in  terms  of  the  packet  delay  D(M,N)  for  the  head  of  the  queue  at 
each  station,  (that  is,  the  time  separating  two  consecutive  packet  transmissions  from  the  same 
station).  From  these  results  one  could  also  derive  the  network  capacity  as  well  as  a  bound  on 
delay,  by  considering  heavy  traffic  conditions. 

III.  SCHEMES  USING  THE  SCHEDULING-DELAY  ACCESS  MECHANISM 

In  this  section  we  describe  those  schemes  that  use  the  scheduling  delay  technique  as  their 
basic  access  mechanism.  They  differ  according  to  (i)  the  way  the  delay  function  ffj(i)  is 
computed,  (ii)  the  extent  to  which  the  scheme  is  distributed,  that  is,  the  extent  to  which  it 
makes  use  of  particular  stations  to  perform  specific  functions,  (iii)  the  need  for  (or  lack  thereof) 
a  correspondence  between  the  indexing  of  the  stations  and  their  relative  positioning  on  the  bus, 
and  (iv)  the  performance  achieved. 

A)  BRAM  (Chlamtac,  Franta,  Levin,  1970)  [7]:  Stations  are  indexed  arbitrarily,  independent 
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Fig.  3  Time-space  diagram  showing  the  activity  on  the  channel  for  a  typical  six  station  BRAM 
network  under  heavy  traffic  conditions. 

of  their  positions  on  the  cable.  Furthermore  stations  are  assumed  to  have  no  knowledge  of 
their  respective  positions,  nor  of  the  distances  that  separate  them.  As  indicated  in  section  II, 
the  delay  Hj(i)  should  be  sufficiently  long  such  that  if  any  station  with  index  k,  i  <  k  <  j, 
happened  to  transmit,  then  station  j  would  be  in  a  position  to  detect  that  transmission  prior  to 
its  scheduled  time.  The  detection  time  A  must  be  accounted  for  in  the  computation  of 
The  processing  time  $,  however,  which  is  incurred  by  all  stations  following  the  detection  of 
EOC,  does  not  affect  Hj(t)  and  thus  need  not  be  accounted  for  in  its  computation.  Without 
the  knowledge  of  exact  propagation  times  between  consecutively  indexed  stations,  Hj(i)  is 
computed  by  using  the  maximum  value  possible,  that  is  the  bus  end-to-end  propagation  delay 
r.  Under  this  condition,  the  scheme  will  accommodate  all  possible  layouts.  The  scheduling 
delay  function  for  BRAM  is  given  by 

H  a\  _  /(2r  +  A)[(i  -i  +  M-1)  mod  M]  j  #t 

"^j-\(2r  +  A)M  j  =  t.  W 


As  stations  are  given  their  turn  according  to  the  sequence  determined  oy  their  indices,  a  round 
can  be  defined  as  the  time  since  the  start  of  transmission  of  some  station  in  the  backlogged 
subset  until  the  next  start  of  transmission  by  that  same  station.  Given  N  backlogged  stations 
the  round  length  is  equal  to  the  cumulative  packet  transmission  times  of  all  stations  in  the 
round,  N(T  4-  Cl),  plus  the  cumulative  channel  overhead  incured  in  the  round.  We  denote  the 
latter  by  Y(M,N).  The  channel  utilization  is  then  given  by 

TT$77&N-y  (2) 

The  packet  delay  as  defined  in  section  II  is  simply  the  total  length  of  the  round, 


D{M,N)  =  N{T  +  Cl)  +  Y[M,N).  (3) 

While  Hj(i)  is  by  design  independent  of  the  relative  physical  locations  of  the  stations,  the  latter 
does  affect  the  exact  timing  of  the  transmissions  on  the  channel  and  the  associated  overheads; 
this  is  the  case  because  the  time  until  the  next  transmission  following  an  EOC  is  based  on  the 
time  at  which  that  EOC  is  detected  by  the  next  backlogged  station  in  sequence.  To  illustrate 
how  events  occur  on  the  network  and  to  compute  the  overhead  associated  with  this  scheme, 
which  in  turn  allows  us  to  evaluate  the  performance,  we  consider  time-space  diagrams  in  which 
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Fig.  4  Time-space  diagram  showing  activity  on  the  channel  for  BRAM  when  the  stations’ 
logical  order  is  the  same  as  their  physical  order  on  the  channel. 

the  vertical  axis  represents  distance  along  the  network  and  the  horizontal  axis  represents  time 
increasing  from  left  to  right.  Fig.  3  presents  such  a  diagram  for  a  network  with  six  stations 
under  the  assumption  of  heavy  traffic .  The  transmission  time  of  the  packet  is  represented  in  this 
and  subsequent  time-space  diagrams  by  the  thickness  of  a  line.  The  dots  represent  the  origin 
of  an  event  (in  this  case  a  packet  transmission  with  its  beginning-of-carrier  (BOC)  and  EOC 
collapsed  into  a  single  event)  and  the  diagonal  lines  emanating  from  each  dot  represent  the 
time-space  locus  of  that  event.  Thus,  we  see  in  Fig.  3  a  round  beginning  with  the  transmission 
of  Si  and  ending  with  the  next  transmission  of  Si.  The  overhead  between  two  consecutive 
transmissions  is  the  time  taken  for  the  EOC  from  one  transmitter  to  propagate  on  the  channel 
to  the  tap  of  the  following  transmitter  plus  A  +  $.*  The  total  overhead  in  a  round  is  the  sum 
of  the  propagation  delays  between  consecutively  indexed  stations  plus  M (A  +  $).  Thus 

Y(M,  M)  =  £l  r*+1  +  rM,i  +  M (A  +  $)  (4) 

i'=i 

The  round  overhead  is  maximized,  and  hence  the  network  capacity  is  minimized,  when  r,i>+ 1  = 
r  Vt.  This  situation  arises  in  the  case  where  all  even  numbered  stations  are  collocated  on 
one  side  of  the  network  and  all  odd  numbered  stations  on  the  other.  Under  these  conditions 
Y  =  M(t  +  A  -f  $)  and  C(M,  M)  —  1/(1  +  u  +  S  +  <f  -j-  a). 

Clearly,  the  minimum  overhead  is  incurred  for  a  layout  in  which  all  stations  are  collocated, 
since  then  in  the  limit  rt-^+|  =  0  V*.  In  this  case  Y(M,  M)  =  M( A  -|-  $)  and  C(M,  M)  = 
1/(1  +w-f -6  +  </>).  If,  on  the  other  hand,  we  insist  that  the  layout  be  such  that  the  farthest  two 
stations  are  r  sec.  apart,  then  Y{M,M)  is  minimized  when  the  stations  are  ordered  in  such  a 
way  so  that  their  logical  order  is  the  same  as  their  physical  order  on  the  bus.  (See  Fig.  4.)  In 
this  case  Y (M,  M)  =  2 t  +  M(A  +  $)  and  C(M,  M)  =  l/[l  +  w  +  6  +  <j>  +  2a/M],  resulting  in  a 
throughput  which  is  almost  independent  of  a  if  M  is  sufficiently  large. 

The  question  now  is  how  the  overhead  is  affected  when  some  stations  do  not  transmit. 
Consider  three  stations  numbered  consecutively  *,  *  +  1  and  »  +  2.  If,  in  a  given  round,  all 
three  of  these  stations  transmit  when  their  turns  come  up,  then  the  overhead  between  these 
transmissions  is  +  i\+^+2  +  2(A  -I-  $).  Suppose  now  does  not  transmit.  Si+%  will 
transmit  2r+2A  +  $  sec  after  EOC(t)  reaches  it.  In  this  case  the  overhead  is  2r+rl>l+2+2A-l-^. 

‘The  value  of  $  may  be  null  if  it  is  possible  for  a  station  to  decode  the  index  of  an  on-going  transmission  and 
compute  the  resulting  scheduling  delay  during  the  time  of  that  transmission. 
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virtual  time-space  locus 


Fig.  5  The  effect  on  the  overhead  of  a  station  missing  its  turn  to  transmit  in  BRAM.  In  (a) 
the  three  station  $i>  1  and  5i+ 2  all  transmit.  In  (b)  5,-  and  Si+ 1  transmit  while  &i+ 1 

misses  its  turn. 

These  two  cases  are  shown  in  Fig.  5.  The  effect  of  the  missing  transmission  is  to  cause  a 
virtual  time-space  locus  for  EOC(t)  which  is  delayed  in  time  by  2r  +  A  from  the  actual  one. 
The  interesting  point  is  that,  by  missing  a  turn,  $+1  has  not  only  reduced  the  total  number 
of  transmissions  in  a  round  but  in  addition  has  caused  an  increase  in  the  overhead  in  this 
round.  More  generally,  consider  the  case  where  N  out  of  M  stations  are  continuosly  backlogged 
with  packets  to  be  transmitted.  We  note  that  Y(M,N)  depends  on  the  stations’  layout  and 
the  particular  choice  of  the  subset  of  backlogged  stations.  The  maximum  possible  value  is 
Y(M,N)  =  Nr  +  {M  -  N)( 2r  +  A)  +  N{ A  +  $)  giving  C{M,N)  =  1/[1  +  u  +  6  +  <f>  + 
a  +  (2a  +  $)].  The  minimum  value  is  Y(M,N)  =  ( M  —  N)2t  +  A  +  N( A  +  $)  giving 

C(M,  N)  =  l/[I  +  w  +  6  +  <f>  +  +  d)j. 

Comments:  BRAM  accommodates  all  layouts  without  requiring  excessive  knowledge  by  each 
station  of  the  layout,  paying  a  price  in  performance.  The  algorithm  is  entirely  distributed. 
However,  the  original  description  of  it  in  (7]  fails  to  address  important  issues  pertaining  to  the 
loss  of  the  synchronizing  event  EOC  in  the  event  that  all  stations  become  temporarily  idle,  nor 
does  it  describe  how  the  algorithm  gets  started.  The  robustness  of  the  scheme  is  furthermore 
dependent  on  the  ability  to  properly  and  accurately  decode  the  index  of  each  transmitting  sta¬ 
tion  by  all  stations  in  the  network.  Other  schemes  discussed  in  this  section  address  these  issues, 
(and  their  solutions  certainly  can  be  applied  to  BRAM)  and  provide  improved  performance. 
Nevertheless,  BRAM  and  its  cousins  MSAP  and  MSRR  (Kleinrock,  Scholl,  1977)  [8]  which 
bear  great  resemblance  to  BRAM,  are  among  the  first  conflict-free  algorithms  for  distributed 
broadcast  networks.  In  the  original  description  of  BRAM  the  detection  time  A  and  processing 
time  $  are  ignored  which  in  effect  assumes  that  they  are  zero.  It  can  be  shown  that  under 
some  conditions  this  leads  to  erroneous  operation  of  the  access  scheme.  In  addition,  in  that 
description  the  stations  scheduling  delays  are  staggered  by  r  instead  of  2 r  -f  A.  Such  a  schedul¬ 
ing  delay  would  work  only  in  a  network  where  =  r  Vi,j  i  /  j.  Obviously  such  a  restriction 
is  not  desirable.  In  our  opinion,  the  scheduling  delay  function  given  in  eq.  (1)  is  correct  and 
complete. 

B)  SOSAM  (Gold,  Franta,  1982)  [9]:  This  scheme,  called  the  source  synchronized  access  method 
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Fig.  6  Time-space  diagram  showing  the  recursive  nature  of  the  computation  ^)f  Hj(i )  in 
SOSAM 

(SOS AM),  is  similar  to  BRAM  in  that  it  requires  no  correspondence  between  the  stations’ 
indices  and  their  locations,  and  achieves  the  same  performance  when  all  stations  are  backlogged. 
It  provides  however  improved  performance  when  stations  miss  their  turns.  To  accomplish  that, 
all  stations  must  have  explicit  knowledge  of  the  propagation  delay  between  every  pair  of  stations. 
Given  this  knowledge,  Sj  can  determine  Hj(i)  the  minimum  time  required  after  detecting  Si's 
EOC  required  to  detect  a  potential  transmission  from  Sy_i  and  set  Hj{i)  to  this  time.  In 
particular,  =  0.  In  the  general  case  Hj( t)  can  be  computed  recursively.  That  is,  given 

Hj-i(*),  Sj  can  determine  Hj{ i)  in  terms  of  f?y_i(t)  and  the  topological  information  consisting 
of  the  propagation  delays  between  stations.  Let  BOC(z)  denote  the  event  corresponding  to  the 
beginning  of  carrier  from  Si ,  Consider  a  transmission  for  Si.  With  reference  to  Fig.  6, 
detects  EOC(»)  at  time  to  +  r,j  +  A  and  evaluates  by  time  to  +  r,j_i  +  A  +  $.  Were 

Sj-i  to  transmit  it  would  do  so  after  a  scheduling  delay  of  ffy_i(t).  In  this  case,  BOC(y  —  1) 
would  be  detected  by  Sj  at  time  (to  +  r,j_j  +  A  +  $)  -f-  Hj-i(t)  +  (fj-lj  +  -A)  which  is  the  time 
at  which  Sj  should  schedule  its  transmission.  Since  Sj  detects  the  synchronizing  event  EOC(t) 
at  time  to  +  Tij  +  A  and  takes  $  sec.  to  compute  Hj(i ),  the  latter  can  be  defined  recursively  by 

Hj(i)  =  tfy-i(t)  -(-  Tij- 1  +  Tj-ij  -  Tij  +  A.  (5) 

As  with  BRAM,  the  overhead  in  a  round,  Y(M ,  N)  for  SOSAM,  varies  depending  on  the  relative 
locations  of  the  stations  on  the  bus  and  their  logical  ordering,  and  this  can  take  on  a  range  of 
values  depending  on  the  topology.  However,  for  a  given  configuration,  this  overhead  is  constant 
regardless  of  how  many  or  which  stations  transmit  in  the  round,  and  is  computed  as  in  eq.  (4). 
Given  Y(Mt  TV),  the  network  capacity  C(M,  N)  and  delay  D(M ,  N)  can  easily  be  derived.  (See 
eq.  (2)  and  (3).) 

Comments :  (i)  To  gain  this  improvement  in  performance  over  BRAM,  in  SOSAM  S*  must  store 
in  its  network  interface  either  all  the  inter-station  propagation  delays  TtJ  or  else  precomputed 
values  of  the  scheduling  delay  Hj{t)  Vt.  Either  option  requires  substantial  memory  if  the 
network  is  large  (say  1000  stations).  Also  this  memory  would  have  to  be  updated  at  every 
station  every  time  one  is  moved,  added  to,  or  removed  from  the  network.  This  makes  the 
task  of  maintaining  such  a  network  a  difficult  one.  (ii)  It  was  indicated  in  BRAM  that  the 
synchronizing  event,  EOC,  is  lost  and  the  network  stalls  if  all  stations  are  idle  at  the  time 
that  their  respective  scheduling  delays  expire.  SOSAM  implements  a  mechanism  to  prevent 
this.  If  a  station  is  idle  when  its  scheduling  delay  expires,  that  station  resets  the  latter  to 
some  predetermined  constant  which  is  larger  than  any  scheduling  delay,  thereby  maintaining 


the  staggering  of  the  potential  transmission  times.  Clearly,  the  smallest  constant  that  can  be 


Fig.  7  Time-space  diagram  for  BID  showing  the  activity  on  the  channel  under  heavy  traffic 
conditions. 

used  is  nyX{Hy(i)}+A  =  Hi(i)  +  A.  Furthermore,  it  cam  be  shown  that  if,( t)  =  and 

hence  is  independent  of  i.  While  this  ensures  that  the  network  will  operate  under  zero  load, 
the  robustness  of  the  scheme  nevertheless  depends  on  the  ability  to  correctly  decode  the  index 
of  each  transmitting  stations. 

C)  BID  (Ulug,  White,  Adams,  1981)  [10]:  We  indicated  in  SOSAM  that,  just  as  in  BRAM,  the 
overhead  is  minimized  and  the  network  capacity  maximized  by  numbering  the  stations  such  that 
their  logical  order  is  the  same  as  their  physical  order  on  the  bus.  In  this  case  Tij-i  +Tj-ij  -  r.y, 
and  the  scheduling  delay  function  given  for  SOSAM  becomes  //y(i)  =  2fy_i(t)+A  =  (j -t  — l)A 
which  is  independent  of  the  propagation  delays  between  stations.  In  fact,  this  is  in  essence 
what  the  scheduling  delay  in  BID,  a  predecessor  of  SOSAM,  is.  We  now  describe  those  features 
specific  to  BID.  The  stations  are  numbered  1  through  M  as  shown  in  Fig.  1.  The  end  stations 
(Si  and  Sm)  perform  a  special  function  called  the  start-of-round.  A  round  or  cycle  is  the  time 
between  two  consecutive  start-of-rounds.  Each  station  on  the  network  is  allowed  to  transmit 
only  once  during  a  given  round.  The  order  in  which  stations  are  allowed  to  transmit,  however, 
varies  from  round  to  round.  In  a  left-to-right  round ,  backlogged  stations  transmit  in  turn 
starting  with  Sj  and  ending  with  Sm-  In  a  right-to-left  round ,  backlogged  stations  transmit 
in  turn  starting  with  Sm  and  ending  with  Si-  Each  station  can  determine  the  “direction”  of 
the  current  service  order  by  an  indicator  which  is  transmitted  along  with  the  index  number  in 
each  packet.  Suppose  that  round  r  is  a  left-to-right  round.  Round  r  ends  with  the  end  of  Sm' s 
transmission,  if  Sm  were  backlogged  in  this  round,  or  at  the  time  Sm  would  have  transmitted 
if  it  were  idle.  At  this  time  Sm  initiates  round  r  4-  1  by  transmitting  a  packet  which  has  the 
direction  indicator  set  to  “right-to-lcft”.  If  Sm  is  backlogged  this  packet  would  be  a  data  packet, 
if  Sm  is  idle  this  packet  would  be  a  start-of-round  or  token  packet.  By  symmetry,  round  r  4-  2 
is  initiated  by  Si  at  the  end  of  round  r-f- 1.  From  the  direction  indicator  and  the  index  number 
of  the  transmitting  station,  each  station  can  compute  the  scheduling  delay  as 

{(j  -  t  —  1)A  left-to-right  round  and  j  >  i 

(t  —  j  —  1)A  right-to-left  round  and  j  <  i  (6) 

oo  otherwise. 

In  Fig.  7  we  show  a  time-space  diagram  of  the  activity  on  the  channel  in  BID.  Due  to  the 
nature  of  the  order  of  transmissions  within  a  round,  and  by  reversing  this  order  from  round 
to  round,  the  overhead  is  clearly  minimized.  Ignoring  the  overhead  due  to  a  potential  start-of- 
round  packet  from  either  Si  or  S*f ,  the  overhead  over  two  rounds  in  BID  is  2r  -f-  2 M A  4-  2 N$ 
giving  a  network  capacity  of  C(M,  N)  =  1/(1  4w4^4  $6  4-  a//V).  We  have  assumed  here 


that  there  is  a  gap  of  $  ■+•  A  between  the  two  consecutive  transmission  of  an  end  station.  The 
$  accounts  for  the  time  taken  for  the  end  station  to  determine  that  it  should  transmit  again 
and  the  A  is  the  delay  required  so  that  other  stations  can  distinguish  the  two  transmissions. 
It  is  possible  that  the  processing  be  completed  during  the  transmission  time  of  the  first  of 
the  two  transmissions.  In  this  case’  the  overhead  over  the  two  rounds  will  be  reduced  by  2$. 
The  delay  D(M,  N)  as  defined  in  section  II,  is  the  delay  incurred  by  a  packet  while  at  the 
head  of  the  queue  at  each  station  plus  the  transmission  time  of  that  packet.  Since  in  BID 
the  order  of  service  is  reversed  from  round  to  round,  D(M,N)  varies  with  each  station  and 
with  the  direction  of  the  sweep.  Bounds  on  D(M,N)  arc  given  by  the  packet  delay  at  the 
end  stations  where,  normalized  to  T,  D(M ,  N)  has  the  values  D(M ,  N)  =  1  +  u  +  6  +  <f>  and 
D(M,  N )  =  2N(1  -I-  ui  +  <f>)  +  2 MS  +  2a.  For  any  other  station  D(M,  N)  lies  between  these  two 
values. 

Comments:  (i)  In  BID,  no  knowledge  of  r  or  rtJ  is  required.  The  logical  ordering  of  stations 
is  the  same  as  their  physical  order,  BID  is  able  to  achieve  a  performance  which  is  almost 
independent  of  r  if  /V  is  sufficiently  large.  However,  this  restriction  on  the  ordering  of  stations 
makes  it  difficult  to  add  stations  to  the  network  or  move  existing  ones,  (ii)  BID  is  partially 
centralized  in  that  end  stations  are  required  to  initiate  new  rounds.  As  a  result  the  network  is 
robust  in  the  sense  that  synchronizing  events  are  periodically  generated  even  when  all  stations 
are  idle,  and  one  end  station  can  initiate  a  new  round  if  the  index  number  or  direction  indicator 
of  a  transmission  cannot  be  decoded.  In  the  event  of  an  end  station  failure  the  adjacent  station 
can  assume  the  functions  of  the  end  station.  In  the  case  that  stations  M,  M  —  1, . . .  ,t  +  1  all  fail 
then  S{  will  perform  the  functions  of  the  end  station  on  the  right.  This  is  accomplished  in  the 
following  way.  Consider  a  round  in  which  the  service  is  from  Ieft-to-right.  Si  will  determined 
that  stations  M,M  —  1, ...,»  +  1  have  failed  if  it  does  not  detect  any  activity  on  the  network 
either  due  to  a  packet  or  due  to  a  round-start  token  for  a  sufficiently  long  time  after  it  has  had  its 
turn  in  this  round.  This  time-out  period  is  determined  as  follows.  Consider  the  time  reference 
at  Sk  to  be  either  the  end  of  its  transmission  (or  the  time  that  it  would  have  transmitted  if  it 
were  idle)  Sk  will  expect  to  have  detected  a  round  start  token  from  Sm  ^Ti,M  +  —  t  +  1)A 

sec.  later.  Allowing  another  (M  —  t  —  1)A  for  each  of  the  stations  M  —  1,M  —  2, . . .  ,t  -f  1  to 
possibly  start  the  new  round,  5*  must  detect  no  activity  for  2^^  +•  2 (M  —  t)A  to  determine 
that  stations  M, . 1  have  failed.  By  symmetry  one  can  determine  the  appropriate  time 
out  to  determine  that  the  stations  on  the  left  have  all  failed.  To  simplify  the  installations  of  the 
network  the  quantity  2(fc  —  l)©  can  be  substituted  for  2rit*  where  0  is  a  constant  greater  than 
the  maximum  propagation  delay  between  adjacent  stations.  In  the  description  of  BID  the  latter 
approach  has  been  adopted.  However,  in  that  description,  A  has  been  ignored  and  so,  in  order 
that  the  preceding  algorithm  be  correct,  0  must  include  A.  Except  for  this  recovery  algorithm, 
no  knowledge  of  r  or  Tij  is  required  in  BID.  (iii)  By  having  the  end  stations  alternately  initiate 
the  rounds,  the  order  in  which  stations  are  served  within  a  round  is  reversed  from  round  to 
round.  While  this  improves  the  network  capacity,  it  means  that  the  upper  bound  on  D(M,N) 
is  given  by  the  length  of  two  rounds  as  opposed  to  the  length  of  one  as  in  BRAM  and  SOS  AM 
where  the  service  order  is  fixed.  However  the  average  value  is  the  length  of  one  round  and  is 
less  than  that  of  BRAM  and  SOSAM  due  to  the  reduction  in  the  overhead. 

D)  Silentnet  (Jensen,  Tokoro,  Sha,  1980)  [llj:  Silentnet  is  similar  to  BID  in  that  stations’ 
logical  ordering  is  the  same  as  their  physical  order  on  the  bus,  and  thus  can  apply  the  same 
efficient  scheduling  delay  function.  Like  BID,  the  order  in  which  stations  are  serviced  reverses 
from  round  to  round.  The  distinction  in  Silentnet  is  the  distributed,  as  opposed  to  centralized, 
mechanism  used  to  initiate  a  round.  While  BID  makes  use  of  the  end  stations  for  this  purpose, 
in  Silentnet,  this  functionality  is  part  of  the  scheduling  delay  function.  While  in  this  system 
there  are  no  explicit  start-of-round  events,  we  nevertheless  define  a  round  to  be  the  sequence  of 
transmissions  which  are  in  either  left-to-right  order  or  right-to-left  order.  Consider  a  round  in 
which  the  service  order  is  from  left-to-right.  For  j  >  t,  f/y(t)  is  computed  as  is  done  in  BID.  For 
j  <  t,  Sj  has  already  had  its  turn  in  the  current  round  and  schedules  its  next  transmission  for 


Fig.  8  Time-space  diagram  for  Silentnet  showing  the  relationship  between  the  scheduling  de¬ 
lays  HM(i)  and  J3y(»),  j  <  i. 

a  time  when  it  exclusively  can  begin  the  next  round.  We  now  show  how  this  time  is  evaluated. 
The  reader  is  referred  to  Fig.  8.  Suppose  that  S,  were  the  last  station  to  transmit  in  this 
round.  Were  some  other  station  S*,  t  <  k  <  M,  to  transmit  after  Si,  the  latter  would  detect 
BOC(A:)  A  -f  $  -f  (k  —  t)A  +  2r,-(*  sec.  after  completing  its  transmission.  Thus,  if  Si  detects 
no  activity  for  A  +  $  +  (Af  —  i) A  4-  2r,^  sec.  after  it  completes  its  transmission  then  none 
of  the  stations  St,  %  <  k  <  M  are  backlogged;  hence  Si  can  transmit  at  this  time  (beginning 
the  new  round  in  which  the  service  order  will  be  from  5,  to  Si).  If  we  assume  that  it  takes 
Si  $  sec.  to  re-evaluate  its  scheduling  delay  at  the  end  of  its  own  transmission,  H,(i)  for  a 
left-to-right  round  is  ffi(i)  =  2rtiji/  4-  (Af  —  t  +  1)A.  Given  this  potential  BOC(t),  stations  Sy, 
j  <  i,  must  stagger  their  potential  transmission  times  appropriately.  Thus,  synchronizing  to 
the  actual  event  EOC(t'),  the  scheduling  delay  for  Sy,  j  <  t,  is  /fy(t)  =  ( AT,(t )  -  A)  +  (t  —  j) A. 


The  scheduling  delay  for  right-to-left  round  can 

be  deduced  by  a  symmetrical 

argument. 

Thus 

Hj(i)  can  be  computed  as 
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j  <  i 
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left-to-right  round  right- to-left  round 

Using  this  scheduling  delay  the  performance  of  Silentnet  is  identical  to  BID.  If,  however,  at 
the  cost  of  some  efficiency,  one  desires  that  the  scheduling  delay  be  independent  of  the  stations 
location  on  the  network,  one  could  replace  riM  in  eq.  (7)  by  r.  This  is  in  fact  what  is  done  in  the 
original  description  of  Silentnet  (however  the  more  efficient  version  described  above  is  presented 
as  a  variation).  In  this  case  an  additional  overhead  of  2r  is  incured  between  consecutive  rounds 
leading  to  a  network  capacity  of  C(M,N)  =  1/(1  +  w  +  <j>  +  ^<5  +  3a/ N). 

Comments:  (i)  Three  variants  of  Silentnet  are  presented  in  the  original  description  [11].  The 
first,  called  the  “basic  algorithm”  is  the  one  described  above  but  with  replaced  by  r.  The 
second,  called  the  “distance  algorithm”  (since  each  station  must  have  knowledge  of  its  distance 
from  each  end  of  the  network)  is  the  one  described  above  and  its  performance  is  superior  to  that 
of  the  basic  algorithm.  In  the  third,  called  “the  see-saw  algorithm”  the  start-of-round  function 
is  assigned  to  the  end  stations.  This  variant  of  Silentnet  is  identical  to  BID.  (ii)  As  in  SOSAM, 
in  Silentnet  a  mechanism  is  provided  to  maintain  the  synchronizing  event  EOC(t)  when  the 
network  load  is  close  to  zero.  This  is  achieved  by  having  the  last  station  to  have  transmitted, 
if  idle,  set  its  scheduling  delay  to  a  constant  sufficiently  large  such  that  it  will  have  detected  a 


Fig.  9  Time-space  diagram  for  L-Expressnet  showing  typical  activity  on  the  channel  over  three 
rounds.  The  first  is  begun  by  .S3,  the  second  by  Si  and  the  third  by  S3. 

transmission  by  any  backlogged  station  before  this  scheduling  delay  expires.  If  the  scheduling 
delay  does  expire  a  dummy  packet  is  transmitted,  thereby  regenerating  the  event  EOC(t).  If 
some  other  station  transmits  then  that  station  becomes  the  last  to  have  transmitted.  The 
minimum  value  of  the  constant  is  given  by  +  2 t  which  is  4r  -f  M A.  In  the  original 

scheme,  ff,(t)  is  given  by  this  amount  regardless  of  whether  Si  is  backlogged  or  idle.  As  a  result 
the  last  station  to  transmit  in  a  given  round  misses  its  turn  in  the  next  leading  to  an  unfair 
scheduling  function.  The  scheduling  delay  function  in  eq.  (7)  overcomes  this  limitation  in  the 
original  scheme  and  pro » ides  fair  service  to  ail  stations. 

E)  L-Expressnet  (Borgonovo,  Fratta,  Tarim,  Zini,  1983)  [12]:  Like  Silentnet,  L-Expressnet 
also  implements  a  distributed  version  of  BID  but,  in  this  scheme,  the  order  in  which  stations 
transmit  is  always  from  left  to  right.  Define  a  round  to  be  a  sequence  of  transmissions  in  left- 
to-right  order.  The  distributed  mechanism  for  starting  a  round  in  L-Exprcssnet  identifies  the 
leftmost  of  the  participating  stations  which  then  begins  the  round  by  transmitting  a  start-of- 
roand  token.  The  EOC  of  the  start-of-round  token  (EOC(token))  serves  as  the  time  reference 
to  which  stations  synchronize  their  transmissions.  To  determine  when  to  transmit,  Sj  counts 
the  time  that  the  channel  is  idle  starting  from  the  last  EOC(token).  When  this  cumulative 
time  reaches  Hj(i)  =  ( j  —  1)A,  Sj  may  transmit.  Note  that,  for  each  station,  Hj( t)  is  a 
constant  and  is  not  re-evaluated  after  each  transmission.  As  a  result,  no  processing  overhead 
is  incurred.  This  EOC(token)  also  serves  as  time  reference  to  determine  when  to  start  the  next 
round  as  follows.  All  stations  count  for  a  cumulative  idle  time  of  2 t  M A  as  measured  from 
the  event  EOC(token).  As  can  be  seen  in  Fig.  9,  this  creates  a  virtual  time  reference  which  has 
the  property  that  it  occurs  after  the  last  transmission  in  the  round.  (A  tight  time  reference, 
i.e.,  one  which  corresonds  exactly  to  the  potential  event  EOC(M),  could  be  achieved  but  this 
would  require  knowledge  of  the  rtJ ’s  and  the  index  number  of  the  station  that  transmitted 
the  start-of-round  token.)  Using  this  virtual  time  reference,  S*  schedules  a  time  at  which  to 
transmit  the  next  start-of-round  token  using  the  same  approach  as  the  procedure  to  recover 
from  an  end  station  failure  in  BID.  That  is,  if  S*  fails  to  detect  activity  within  2th  -f2 (k—  1)A 
sec.  as  measured  from  this  virtual  time  reference,  it  transmits  the  start-of-round  token.  In 
the  description  of  L-Expressnet  in  [12],  this  scheduling  delay  is  computed  as  2 (k  —  1)0  where, 
as  in  BID,  0  is  a  constant  greater  than  the  maximum  propagation  delay  between  adjacent 
stations  and,  (although  not  mentioned  in  this  description,)  must  include  an  amount  A  for  the 
detection  time.  Obviously,  the  overhead  for  this  scheme,  neglecting  the  token,  is  Y(M,N)  = 
2r  -f  AfA  -f  2 (k  -  1)0  where  5*  is  the  leftmost  of  the  participating  stations.  Thus  C(M,N) 
and  D(M,N)  can  be  easily  computed  from  eqs.  (2)  and  (3). 


Comments:  (i)  In  L-Expressnet,  each  station  rises  a  fixed  scheduling  delay  which  is  a  function  1 
only  of  that  stations  index  number.  Hence  no  need  exists  to  read  the  index  of  each  transmission. 

In  addition,  Hj(i)  is  not  re-evaluated  at  each  EOC  and  therefore  no  overhead  due  to  processing 
is  incurred,  (ii)  In  L-Expressnet  all  stations  participate  in  the  start- of-round  procedure.  As  a 
result,  the  scheme  is  robust  in  the  sense  that  the  synchronizing  event  EOC(token)  is  contin¬ 
uously  regenerated,  (iii)  While,  in  general,  stations  take  A  sec.  to  detect  EOC(token)  plus  $ 
sec.  to  recognize  it  as  such,  the  station  that  transmits  the  start- of-round  token  does  not  incur 
this  overhead.  Thus  there  is  a  discrepancy  in  the  time  references  between  this  station  and  the 
rest  which  has  been  overlooked  in  the  description  of  L-Expressnet.  This  can  be  compensated 
for  by  the  former  having  transmitted  the  start-of-round  token,  delaying  any  further  activity  for 
A  +  $  sec. 

IV.  CONCLUSION 

From  the  numerous  implicit-token  DAMA  schemes  that  have  recently  been  proposed,  we 
have  identified  three  basic  access  mechanisms  according  to  which  it  has  been  possible  to  classify 
them.  These  are  the  scheduling  delay  access  mechanism,  the  reservation  access  mechanism,  and 
the  attempt-and-defer  access  mechanism.  In  this  paper  we  described  these  access  mechanisms 
and  discussed  those  schemes  that  use  the  scheduling-delay  access  mechanism.  With  this  clas¬ 
sification,  it  was  possible  to  present  the  network  schemes  belonging  to  this  class  in  a  unified 
manner,  showing  their  similarities,  and  identifying  their  differences.  We  have  shown  that  some 
schemes  can  be  seen  as  variations  or  special  cases  of  others,  and  that  a  feature  proposed  for  one 
could,  in  some  cases,  be  applied  to  another.  For  each  scheme,  we  identified  the  overhead  due  to 
the  distributed  access  protocol  and  presented  some  performance  resuits  in  terms  of  the  network 
capacity  and  packet  delay.  We  showed  that,  using  an  appropriate  scheduling  delay  function, 
some  of  these  schemes  are  able  to  achieve  a  network  capacity  which  is  almost  independent  of  a 
if  M  is  sufficiently  large. 
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Part  I:  Slotted  ALOHA 
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Abstract — The  design  of  packet  radio  systems  involves  a  large  number  of 
design  variables  that  interact  in  a  very  complex  fashion.  As  this  design 
problem  in  its  general  form  is  quite  complex,  a  viable  approach  is  to  analyze 
some  simple  but  typical  configurations  in  an  attempt  to  understand  the 
behavior  of  these  systems.  In  this  paper,  a  two-hop  centralized 
configuration  is  considered  in  which  traffic  originates  at  terminals,  is 
destined  to  a  central  station,  and  requires  for  its  transport  the  relaying  of 
packets  by  store-and-forward  repeaters.  The  throughput-delay 
performance  is  derived,  and  its  dependence  on  such  key  system  variables  as 
the  network  topology .  the  transmission  protocol,  and  the  repeaters'  storage 
capacities,  is  given.  In  this  part,  devices  are  assumed  to  be  utilizing  the 
slotted  ALOHA  access  mode.  Carrier  sense  multiple  access  is  treated  in 
Pan  1 1  of  this  series  ( l|. 


INTRODUCTION 

HE  economic  sharing  of  computer  resources  has  been 
made  possible  by  the  development  of  the  packet-switch¬ 
ing  technique  whereby  packet  switches  are  interconnected  by 
point-to-point  data  circuits  according  to  some  topological 
structure  [2  J  -[4] .  Economic  studies  have  subsequently  shown 
that,  for  geographically  distributed  networks,  a  significant 
part  of  the  overall  system  cost  is  incurred  by  the  local  collection 
of  data  from,  or  dissemination  of  data  to,  a  large  population  of 
users  [5] .  Today,  with  the  proliferation  of  computer  applica¬ 
tions,  computer  resources  have  to  be  brought  increasingly 
close  to  the  individual;  this  makes  it  extremely  desirable  to 
create  more  flexible  and  more  economic  communication  tech¬ 
niques.  The  packet-broadcasting  technique  offers  an  attractive 
solution  in  that  it  brings  together  the  advantages  of  both  packet 
switching  and  broadcast  communication.  Packet  switching 
offers  the  fair  and  efficient  sharing  of  the  communication 
resources  by  many  contending  users  with  unpredictable 
demands;  the  (radio)  broadcast  medium  is  a  readily  available 
resource,  is  easily  accessible  and  particularly  suitable  for 
communication  with  mobile  users.  The  ALOHA  system  at  the 
University  of  Hawaii,  a  packet-switched  computer  communica¬ 
tion  system  utilizing  radio,  is  perhaps  the  first  example  illus¬ 
trating  the  feasibility  of  this  technique  (6) .  Originally,  the 
ALOHA  system  was  a  one-hop  system  whereby  all  terminals  are 
in  line-of-sight  and  within  range  of  the  central  computer  (the 
station).  Later  on,  packet  repeaters  were  added  to  provide 
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expansion  of  geographical  coverage  beyond  the  range  of  the 
station  (7).  Another  prominent  example  is  typified  by  the 
Packet  Radio  system  of  the  Defense  Advanced  Research 
Projects  Agency  (8] ,  (9) .  The  target  requirements  of  the 
system  are  more  ambitious  than  with  the  ALOHA  system  and 
include  many  added  features  such  as  direct  communication  by 
a  ground  radio  network  between  users  over  wide  geographical 
areas,  coexistence  with  possibly  different  systems  in  the  same 
frequency  band,  antijam  protection,  etc.  The  key  requirement 
of  direct  communication  over  wide  geographical  areas  renders 
the  repeaters  integral  components  of  the  system. 

The  design  of  packet  radio  systems  involves  a  large  number 
of  design  variables  which  interact  in  a  very  complex  fashion 
J8)  -[  13} .  In  summary  these  are:  the  network  topology ,  which 
consists  of  the  number  of  devices  and  their  geographical  set¬ 
ting;  the  bandwidth  management,  that  is  the  allocation  of  the 
available  bandwidth  as  dedicated  channels,  or  high-speed  chan¬ 
nels  to  be  shared  by  many  users,  or  a  mixture  of  these  two 
modes;  the  channel-access  policy,  which  is  particularly  crucial 
when  we  are  in  presence  of  shared  channels  and  can  consist  of 
either  a  centrally  controlled  scheme  or  some  random-access 
mode;  the  modulation  scheme ,  which  can  be  of  the  spread 
spectrum  type  or  one  of  the  more  conventional  narrow-band 
modulation  schemes;  the  operational  protocols  which  consist 
of  the  routing  algorithms,  the  error  control  procedures,  the 
flow  control  protocols  and  the  monitoring  functions  required 
for  the  operation  of  the  network;  and  finally  the  nodal  design. 
that  is  the  storage  capacity  required  at  each  node,  the  buffer 
management  strategy,  the  power  requirement,  and  the  nodal 
processing  speed. 

In  its  genera]  form,  the  optimum  solution  is  extremely  hard 
to  come  by.  However,  it  is  often  the  case  that  the  selection  of 
some  system  parameters  is  dictated  by  physical  constraints. 
For  example,  for  rapid  deployment  in  military  applications, 
and  for  easy  communication  among  mobile  terminals,  it  is 
advantageous  that  all  devices  employ  omnidirectional  antennas 
and  share  a  single  high-speed  channel.  In  fact  a  great  advantage 
is  gained  by  providing  the  available  communication  bandwidth 
as  a  single  high-speed  channel  to  be  dynamically  multiaccessed 
by  the  many  devices;  this  advantage  is  due  to  the  statistical 
load  averaging.  With  these  arguments  we  have  somewhat  de¬ 
creased  the  space  of  design  variables,  and  need  to  focus  only 
on  packet  radio  systems  with  the  above  characteristics.  This 
task,  however,  is  still  of  a  very  high  caliber.  One  of  two  al¬ 
ternatives  are  present;  either  we  create  a  simple  but  crude 
and  approximate  model  suitable  for  general  network  config¬ 
urations,  or  we  analyze  more  accurately  simple  but  typical 
configurations  as  a  first  attempt  to  understand  the  behavior 
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of  these  systems,  and  to  derive  their  performance.  In  this 
paper  we  opt  for  the  latter  approach. 

II.  NETWORK  CONFIGURATIONS 
UNDER  CONSIDERATION 

A  number  of  papers  have  already  appeared  in  the  literature 
that  study  various  simple  network  topologies.  Single-hop 
networks  where  terminals  communicate  directly  with  each 
other  or  with  a  central  station  have  been  investigated  exten¬ 
sively  [14]  -[19] .  A  two-hop  configuration  involving  a  ring  of 
repeaters  around  a  station  has  been  analyzed  by  Gitman  (20) ; 
network  capacity  was  studied,  but  packet  delay  waS  not 
considered. 

Here  we  consider  again  two-hop  centralized  configurations 
in  which  traffic  originates  at  terminals,  is  destined  to  a  central 
station,  and  requires  for  its  transport  that  packets  be  relayed 
by  store-and-forward  repeaters.  The  basic  performance  mea¬ 
sure  sought  is  the  throughput-delay  tradeoff  and  its  depend¬ 
ence  on  such  key  system  parameters  as  the  network  topology 
(i.e.,  the  number  of  repeaters  and  their  connectivity  pattern), 
the  repeaters  transmission  policy,  and  their  storage  capacity. 
Two  random-access  schemes  are  considered:  the  slotted  ALOHA 
scheme  [7],  [21],  [22]  studied  in  this  part,  and  the  nonper- 
sistent  carrier  sense  multiple-access  scheme  (CSMA)  [14] 
analyzed  in  Part  II  [  1  ] . 

All  devices  are  provided  with  omnidirectional  antennas  and 
employ  a  random-access  scheme  over  a  single  shared  channel. 
With  each  repeater  is  associated  a  population  of  terminals, 
in  line-of-sight  and  within  range  of  only  that  repeater.  Traffic 
originates  at  terminals  and  is  destined  to  the  station;  thus, 
we  consider  inbound  traffic  only.  Each  repeater  is  provided 
with  a  finite  storage  capacity  which  can  accommodate  a  max¬ 
imum  of  M  packets.  The  station  has  an  infinite  storage  capa¬ 
city.  Packets  are  all  of  a  fixed  size.  When  the  transport  of  a 
packet  over  a  hop  is  successful  (i.e.,  the  transmission  is  free  of 
interference  and  storage  is  available  at  the  receiving  device), 
the  packet  is  deleted  from  the  sender's  queue;  otherwise,  the 
packet  incurs  a  retransmission  delay.  It  is  assumed  here  that  a 
device  learns  about  its  success  or  failure  at  the  end  of  trans¬ 
mission;  that  is,  acknowledgments  are  assumed  to  be  instantan¬ 
eous  and  for  free.  At  any  one  time,  a  device  can  be  either 
transmitting  or  receiving,  but  not  both  simultaneously.  The 
station  always  has  its  receiver  on.  The  packet  processing  time 
at  any  device  is  considered  to  be  negligible.  As  for  the  con¬ 
nectivity  among  repeaters,  we  consider  here  two  types.  The 
first,  depicted  in  Fig.  1,  is  called  the  star  configuration ;  in  this, 
each  repeater  is  in  line-of-sight  and  within  range  of  the  station 
only.  The  second,  depicted  in  Fig.  2,  is  called  th e  fully  con¬ 
nected  (FC)  configuration  and  consists  of  having  all  repeaters 
within  range  and  in  line-of-sight  of  each  other  and  of  the 
station. 

III.  ANALYSIS  OF  SLOTTED  ALOHA  SYSTEMS 

We  consider  a  universal  time  axis  which  is  slotted  into  seg¬ 
ments  of  duration  equal  to  the  transmission  time  of  a  packet. 
Each  population  of  terminals  is  assumed  to  be  infinite  and  to 
collectively  generate  new  packets  according  to  a  Poisson 
distribution  at  a  rate  of  s  packets/slot.  Terminals  transmit 


Fig.  1.  A  two-hop  star  configuration. 


Fig.  2.  A  two-hop  fully  connected  configuration. 


their  packets  according  to  the  slotted  ALOHA  scheme  [22] 
(as  described  in  Section  III-A-3).  Repeaters  transmit  their 
packets  on  a  first-come-first-served  basis;  when  its  buffer  is 
nonempty,  a  repeater  transmits  the  head  of  its  queue,  in  a  slot, 
with  probability  p.  With  this  protocol  the  first  transmission  of 
a  newly  received  packet  (at  the  repeater)  incurs  a  geometri¬ 
cally  distributed  delay  following  its  arrival  at  the  head  of  the 
queue  with  mean  1/p.  We  shall  refer  to  this  transmission  proto¬ 
col  as  the  delayed-fint-transmission  (DFT)  protocol.  A  slight 
variation  of  this  transmission  protocol,  considered  later  in  this 
section,  consists  of  transmitting  (with  probability  one)  a  newly 
received  packet  immediately  following  its  arrival  at  the  head  of 
the  queue.  In  case  of  an  unsuccessful  transmission  the  packet 
remains  in  the  repeater’s  buffer  and,  as  above,  incurs  the 
geometrically  distributed  deray.  This  protocol  will  be  referred 
to  as  the  immediate-first-transmission  (IFT)  protocol. 
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A  packet  successfully  transmitted  by  a  given  population  of 
terminals  can  be  “blocked”  at  the  immediate  destination  re¬ 
peater;  blocking  is  due  to  two  factors:  1)  the  repeater  (or  any 
other  repeater  in  the  FC  configuration)  is  in  a  transmit  mode, 
or  2)  the  repeater’s  receiver  is  on  (and  in  the  FC  configuration, 
all  other  repeaters  are  quiet),  but  the  repeater's  buffer  is  full. 
Due  to  the  blocking  of  traffic  at  the  receiving  repeater  and  the 
need  for  retrials,  the  rate  of  successful  transmissions  of  packets 
to  a  repeater  from  its  corresponding  population  of  terminals 
is  actually  greater  than  s  and  is  denoted  by  X.  Furthermore, 
this  process  of  packet  arrivals  to  a  repeater  is  assumed  to  be  a 
Bernoulli  one.1 

Let  yv  denote  the  number  of  repeaters  present  in  the  con¬ 
figuration.  Given  the  transmission  protocol  adopted  and  given 
that  the  input  process  to  each  repeater  is  a  Bernoulli  process, 
the  state  of  the  system  in  slot  t  is  entirely  defined  by  the 
vector 


n‘  =  (n1t,n2l.  ■  \nNt) 

where  nf  is  the  number  of  packets  present  in  slot  t  at  the  ith 
repeater.  Note  that  the  arrival  and  departure  of  a  packet  are 
completed  at  the  end  of  a  slot.  nl  includes  packets  in  trans¬ 
mission,  but  does  not  include  arrivals  in  process.  It  is  clear 
that  nl  is  a  Markov  chain. 

A.  The  Single  Buffer  Case.  DFT Protocol 

In  this  case,  the  state  of  the  system  can  be  equivalently 
described  by  the  number  of  repeaters  with  nonempty  buffers, 
referred  to  as  the  number  of  “active"  repeaters.  Let  n1.  0  < 
n*  <  N,  denote  that  number  in  slot  t. 

1  )Star  Configuration  :  The  Markov  chain  n‘  for  the  star  con¬ 
figuration  has  a  transition  matrix  P  whose  (/,  /)th  element  is 
given  by 


Pi,  = 


p.m  -  A)*-- 

n 


/</- 1 
/•  =  (- 1 


-p.i oir  Mv-'o-x)" 


i+l(l 

i>i 


(1) 


1  The  validity  of  this  assumption  is  demonstrated  by  simulation  re¬ 
sults  which  show  that  the  process  of  packets  successfully  transmitted 
from  a  slotted  ALOHA  population  of  terminals  approaches  a  Bernoulli 
one.  especially  when  the  system  load  is  not  too  high.  It  is  also  sub¬ 
stantiated  by  results  obtained  from  a  separate  analytic  study  of  the 
packet  transport  process  from  N  repeaters  (or  terminals)  to  a  station, 
2  <  N  <  10,  contending  on  the  same  channel  in  a  slotted  ALOHA  mode: 
the  results  show  that  this  process  can  be  approximated  by  a  Bernoulli 
process  for  a  large  range  of  the  system  parameters  /V,  K,  and  p.  The 
chi*  value  of  a  sample  of  1000  interarrival  times  (at  the  station)  is  be¬ 
low  67,  w  hich  corresponds  to  a  level  of  confidence  of  over  99.5  percent, 
(degree  of  freedom  «  100).  This  Bernoulli  assumption  is  essential  in  the 
creation  ot  the  Markov  chain  model  used  in  this  analysis  because  of  the 
underlying  memory  less  property. 


where  P,(i)  denotes  the  probability  of  a  successful  transmis¬ 
sion  given  /  active  repeaters  and  is  expressed  as 

/>,(/)  =  /p(l  -Py~l.  (2) 


Let 

iti  £  lim  Pr  {n1  =  i}. 


We  compute  the  stationary  distribution  [1  —  {rr0,  rrx,  •~,rrw  } 
by  solving  recursively  the  system  II  =  HP.  Let  n  denote  the 
average  number  of  active  repeaters.  We  have 


(V 

« =  2  kn» 
k-0 


(3) 


Consider  a  packet  successfully  transmitted  by  a  population  of 
terminals.  We  denote  by  0  the  probability  of  blocking  due  to 
the  repeater  being  in  transmit  mode,  and  by  a  the  probability 


of  blocking  due  to  the  buffer  being  full  (and  the  repeater’s 
receiver  on).  We  have 

ot  =  (1  —  p)ti/N  (4) 

(3  =  pn/N.  (5) 

and  the  total  probability  of  blocking  is  given  by 

B  =  a  +  0  =  Ji/N  (6) 

The  total  network  throughput,  denoted  by  S,  is  defined  as  the 
rate  of  successful  packets  received  at  the  station;  it  is  given  by 

5  =  (N  ~H)\.  (7) 


The  packet  delay  D  is  defined  to  be  the  time  since  the  packet 
is  originated  at  the  terminal  until  it  is  successfully  received  at 
the  station.  We  distinguish  two  components:  1)  the  access 
delay  Da.  defined  to  be  the  time  required  for  the  packet  to 
be  correctly  received  at  the  repeater,  and  2)  the  network 
delcy  Dn  which  consists  of  the  time  elapsed  since  the  packet  is 
accepted  at  the  repeater  until  it  is  successfully  received  at  the 
station.  By  Little’s  result,  the  average  network  delay  is  given  by 

Dn  =  n/S.  (8) 


2)  FC  Configuration:  In  the  fully  connected  configuration, 
an  arrival  to  a  repeater  in  a  slot  will  not  be  successfully  received 
if  any  of  the  repeaters  is  actively  transmitting  in  that  slot.  The 
transition  matrix  P  is  given  by 


0  /  <  i  —  1 

P.U)  /  =  /- 1 


(1  -pi  (1  -X)*-'  +{1-(1  -Pi-P,(i)  1 

/  =  « 

(i  -Pi (*_  1  - X)*->  / > i 


(9) 
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Let  0  denote  the  probability  that  a  terminal’s  transmission  is 
blocked  due  to  a  transmission  by  one  or  more  repeaters.  Given 
that  k  repeaters  are  active,  this  probability  is  simply  i  - 
(1  — p)V  Removing  the  condition  on  k  we  get 

JV 

0=1  -E*kO-py  do) 

k-0 

Let  a  denote  the  probability  that  a  terminal’s  transmission  is 
blocked  due  to  the  repeater’s  buffer  being  full,  and  that  no 
repeater  is  transmitting.  Given  k  active  repeaters,  this  proba¬ 
bility  is  simply  (k/W)0  ~P)h » where 


TRANSMISSION  COLLISIONS  AT  «£P£ATE« 


is  the  probability  that  a  particular  repeater  t R,  is  active.  Re¬ 
moving  the  condition  we  get 

N  k 

(*  =  Z  **-(1  -Pt-  <"> 

k-o  N 

The  network  throughout  S  is  expressed  as 


Fig.  3.  Slate  diagram  lor  a  population  of  terminals. 

yzed  by  Kleinrock  and  Lam  [22],  [23].  The  generation  of 
new  packets  by  the  infinite  population  is  modeled  as  a  Pois¬ 
son  process  with  rate  s  packets/slot.  The  retransmission  delay 
is  considered  to  be  uniformly  distributed  over  K  slots.  Assum¬ 
ing  that  the  blocking  probability  B  is  uniform  over  time,  we 
modify  Kleinrock  and  Lam’s  infinite  population  model  to  get 
the  following  equation:2 

E(K  +  1)  , 

As— aloha(T'^'0)_  1  +  “  +7  (13) 


N  k 

S  =  Z  n»7,kp(l  -P)*-1  =M(1  -B)  (12) 

k-0  N 

and  the  network  delay  is  simply  given  by  (8). 

3)  Access  Delay.  To  complete  the  delay  analysis,  we  need  to 
evaluate  the  access  delay  D„  for  a  given  throughput  S.  Fig.  3 
represents  the  state  diagram  for  the  population  of  terminals 
associated  with  a  repeater.  First,  a  terminal  is  in  the  thinking 
state.  After  a  random  period  of  time,  the  terminal  generates 
and  transmits  a  new  packet.  If  the  transmission  is  unsuccess¬ 
ful  due  to  a  collision  with  other  contending  terminals,  the 
terminal  joins  the  set  of  colliding  terminals  and  reschedules 
transmission  of  its  packet  following  a  random  retransmission 
delay,  which  we  denote  by  X.  The  terminal  retransmits  its 
packet  and  repeats  this  process  until  its  transmission  is  free 
of  collision  by  other  terminals.  In  the  latter  case,  the  packet 
will  be  successfully  received  at  the  repeater  if  and  only  if  the 
repeater  is  not  transmitting  (as  well  as  any  other  repeater  in 
the  FC  configuration)  and  its  buffer  is  not  full;  otherwise, 
the  terminal  joins  the  set  of  blocked  terminals  and  reschedules 
transmission  of  its  packet  following  the  random  retransmission 
delay.  The  process  is  repeated  until  the  collision-free  transmis¬ 
sion  of  the  packet  is  successfully  received  at  the  repeater,  in 
which  case  the  terminal  rejoins  the  set  of  thinking  terminals. 
It  is  clear  from  the  diagram  in  Fig.  3  that  the  average  access 
delay  D0.  is  equal  to  the  average  time  spent  by  a  terminal  in 
transiting  from  point  Ax  to  point  Ah. 

In  the  absence  of  blocking  at  the  receiving  device,  slotted 
ALOHA  in  an  infinite  population  environment  has  been  anaJ- 
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Given  5,  the  access  delay  is  given  by 


(14) 


*  Packet  arrivals  are  not  considered  synchronized  with  slot  bound¬ 
aries,  so  that  one-half  of  a  slot  is  added  to  the  access-delay  equation. 
The  CSMA  scheme  treated  in  1 1 1  does  not  incur  this  additional  syn¬ 
chronization  delay. 
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Fig.  4.  Slotted  ALOHA  star  configuration:  Network  delay,  through¬ 
put  and  probability  of  blocking  versus  p. 


The  access  delay  can  also  be  estimated  by  the  following  ap¬ 
proximate  formulas3 

D‘~  Ds-SLOH*{mrT)  K°°'  a) 

+  — —  +  *  (14a) 

1  —  B  2  2 

where  XoPt  denotes  the  optimum  retransmission  delay  mini¬ 
mizing  Ds.alo ha  (X. AT, 0). 

4) Numerical  Results:  Consider  first  the  star  configuration. 
Fixing  /V  and  X,  we  observe  that  n  is  a  convex  function  of  p. 
Thus  there  exists  a  value  of  p  which  minimizes  n.  From  (6). 
(7),  and  (8)  we  note  that  D„  and  B  are  also  convex  functions 
of  p  while  5  is  concave.  Moreover,  it  is  clear  that  the  value  of  p 
which  maximizes  5,  minimizes  Dn  and  B.  As  an  example  we 
show,  in  Fig.  4 ,D„,S,  and  B  versus  p  for  N  -  3  and  two  values 
of  X.  We  observe  that  the  throughput  o  is  not  as  sensitive  to  p  as 
are  D„  and  B.  That  is,  if  p  is  improperly  tuned,  while  the 
system  can  maintain  the  throughput  desired,  the  network 
delay  Dn  and  the  probability  of  blocking  B  (and  thus  the  ac¬ 
cess  delay)  may  suffer  large  increases!  In  Fig.  S,  we  plot  the 
optimum  delay  versus  the  achieved  throughput  for  various 
values  of  N.  We  note  that  the  network  delay  increases  with 

3  We  have  compared  numerical  results  for  the  access  delay  using 
both  (14)  and  (14a).  It  was  observed  that  (14a)  was  a  good  approxi¬ 
mation  for  low  throughput,  but  as  the  latter  increased  (and  thus  B  in¬ 
creased),  (14a)  provided  pessimistic  results.  For  the  sake  of  compari¬ 
son  with  CSMA,  Fig.  9  was  plotted  using  (14a)  since  this  approxima¬ 
tion  is  the  only  available  model  for  the  access  delay  in  CSMA. 


Fig.  5.  Slotted  ALOHA  star  and  fully  connected  configurations:  Op¬ 
timum  (network)  throughput-delay  curves. 


increasing  values  of  N.  The  reverse  behavior  is  observed  for  the 
probability  of  blocking  B  over  a  large  range  of  S(Q<S  <  0.35) 
as  shown  in  Fig.  6. 

S ,  optimized  with  respect  to  p ,  is  a  monotonic  function  of 
X;4  the  system  capacity  is  achieved  for  X  =  1/e  and  is  expressed 
as  max,,  {(jV/eM  1  -  A)}-  In  Fig.  7  we  plot  S  (maximized  over  p 
with  X  kept  constant)  versus  X  for  various  values  of  N.  The  sys¬ 
tem  capacity  is  precisely  the  network  throughput  at  X  =  1/e. 
We  note  that  for  the  larger  values  of  N(N  >  3),  S,  which  in¬ 
creases  with  increasing  values  of  X,  levels  off  rather  rapidly  and 
approaches  its  maximum  value  for  X  well  below  1/e.  This  is  not 
so  with  the  smaller  values  of  /V.  Thus  it  is  clear  the  the  limiting 
hop  is  the  terminal-to-repeater  hop  for  N  =  2  and  3,  and  the 
repeater-to-station  hop  for  larger  N.  Moreover,  we  note  that. 
fox  N  >  3.  the  system  capacity  is  a  decreasing  function  of.V.  In 
Fig.  8  we  plot  the  system  capacity  versus  N  for  the  two-hop 
configuration. 

4  The  maximum  value  of  X  allowable  in  this  model  is  a  function  of 
the  access  mode  in  use  by  the  terminals.  If  a  slotted  ALOHA  mode  is 
used,  it  is  well  known  that  the  maximum  rate  of  successful  packets 
that  can  be  transmitted  by  an  infinite  population  of  terminals  is  X  « 
1/e  *  0.368.  On  the  other  hand,  given  the  memoryless  property  of  the 
Bernoulli  input  process,  the  above  analysis  corresponds  also  to  the 
"linear-feedback"  model  whereby,  following  the  successful  transmis¬ 
sion  of  its  buffered  packet,  a  repeater  is  assumed  to  generate  a  new 
packet  after  a  geometrically  distributed  time  with  mean  1/A.  In  the 
linear-feedback  model,  the  rate  X  can  take  any  value  between  0  and  1. 
B  *  n/N  represents  the  fraction  of  time  a  repeater  is  active;  and  Dn 
represents  the  total  packet  delay. 
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Fig.  6.  Slotted  ALOHA  star  and  Fully  connected  configurations:  Min¬ 
imum  blocking  versus  throughput. 


INPUT  RATE  PER  REPEATER  X 


Fig.  7.  Slotted  ALOHA  star  configuration:  Throughput  versus  A. 


We  examine  now  the  FC  case.  Contrary  to  the  star  con¬ 
figuration,  the  value  of  p  which  yields  minimun  D„  for  a  given 
p  does  not  correspond  to  that  which  yields  minimum  blocking 
B  (and  thus  maximum  throughput).  We  get  the  optimum  D„ 
for  a  given  throughput  S  by  plotting  in  the  (S,  Dn)  plane  the 
constant  X  contours  (varying  p),  and  then  by  taking  the  lower 
envelope.  Fortunately,  the  difference  between  tfte  minimum 
blocking  and  the  blocking  achieved  at  optimum  delay  is  rather 
insignificant!  Optimum  D„  and  optimum  B  will  therefore  yield 
nearly  the  optimum  total  delay  D  for  a  given  throughput  S. 
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Fig.  8.  Slotted  ALOHA  two-hop  star  and  fully  connected  networks: 

Network  capacity  versus  V 

Fig.  5  shows  the  optimum  D„  versus  5  for  various  values  of  N 
along  with  the  corresponding  curves  obtained  in  the  star  con¬ 
figuration.  Fig.  6  shows  the  optimum  blocking  versus  S.  We 
note  that,  as  expected,  the  probability  of  blocking  is  consis¬ 
tently  higher  for  the  fully  connected  configuration:  this  is 
simply  due  to  the  fact  that  transmissions  by  all  repeaters  con¬ 
tribute  to  the  blocking  of  an  incoming  packet.  Moreover,  little 
discrepancy  is  observed  as  N  varies  between  2  and  10.  The 
delay  D„,  however,  is  smaller  for  lower  throughput  (with  the 
exception  of  N  =  2),  and  the  difference  becomes  more  signi¬ 
ficant  as  N  gets  larger.  As  for  the  system  capacity,  the  FC  con¬ 
figuration  provides  a  smaller  network  capacity  than  the  star 
configuration,  especially  for  the  smaller  values  of  N  'N  <  6), 
as  shown  in  Fig.  8;  but  as  N  gets  larger  (7  <  N  <  10).  the 
capacity  of  the  fully  connected  system  approaches  the  one 
achieved  in  the  star  configuration. 

The  total  packet  delay  Da  +  D„  for  the  above  two  cases  is 
plotted  in  Fig.  9  (along  with  the  results  for  other  cases  obtained 
and  discussed  in  a  later  part  of  the  paper).  We  note  that  for 
both  N  -  2  and  N  =  5  the  delay  obtained  in  the  FC  configura¬ 
tion  is  larger  than  or  equal  to  the  delay  obtained  with  the  star 
network;  for  N  =  10,  however,  not  only  does  the  system  capa¬ 
city  approach  the  one  obtained  with  the  star  configuration, 
but  the  delay  is  also  smaller  for  a  wide  range  of  S;  this  is  sim¬ 
ply  explained  by  the  fact  that,  as  A' gets  larger,  the  value  of 
X  that  achieves  a  given  throughput  is  smaller,  and  thus  Dn  be¬ 
comes  the  predominant  component  of  D,  the  improvement  in 
Dn  observed  for  A'  =  10  (see  Fig  5)  overcomes  the  degrading 
effect  of  the  larger  blocking  probability  experienced  (see 
Fig.  6). 

B.  The  Multibuffer  Case.  DFT Protocol 

1)  Analysis'.  We  consider  here  the  star  configuration;  with 
M  >  1,  the  state  of  the  system  is  described  by  n1  =  (nll, 
*3*.  «**)■  Let  S  denote  the  state  space;  that  is,  S  =  {(#ix , 
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NETWORK  throughput  S 


Fig.  9.  Throughput-delay  tradeoffs  in  two-hop  slotted  ALOHA  star 
and  fully  connected  networks. 


n2,  '•  nN )  I  0  <  n{  <  M,  Vi  =  1.2,  -.jV}.  The  derivation  of 
the  transition  matrix  P  for  this  case  is  given  in  Appendix  A. 
Let  n  =  {jr„}ag5  be  the  stationary  distribution  of  n‘.  fl  is 
evaluated  by  iteratively  solving  the  system:  n  =  nP.The  mar¬ 
ginal  distribution  of  n,  is  given  by 

Pr{«,  -k}=  2  ff„  (15) 

{i«eS  ini**; 

The  average  queue  length  at  a  repeater,  denoted  by  q,  is  then 
given  by 

q  =  2  frPr{«i  =*}•  (16) 

*-o 

The  blocking  probabilities  a  and  0  defined  in  Section  III-A-1) 
above  are  expressed  as 


a  =  Pr  =  Af}(I  ~  p) 

(17) 

0  =  [1  -pr{*.=0}|  p. 

(18) 

The  network  throughput  is  simply  given  by 

5=ArX(l  o  —  (3) 

(19) 

and  by  Little's  result,  the  network  delay  is  computed  by 


Dn 


<7 

X(1  -a-0) 


(20) 


2)  Numerical  Results'.  In  Fig.  10  we  plot  on  the  (S,  Dn) 
plane  the  constant  X  contours  (varying  p )  for  the  example 
l V  *  3,Af  *  2.  The  optimum  delay  is  obtained  by  taking  the 
lower  envelope.  It  is  noted  that  given  X,  the  value  of  p  yielding 
optimum  delay  again  does  not  exactly  correspond  to  the  value 
of  p  which  yields  minimum  blocking  (and  therefore  maximum 


Fig.  10.  Slotted  ALOHA  star  configuration:  Network  delay  versus 
throughput  with  M  >  1. 

throughput).  However,  the  probability  of  blocking  at  optimum 
delay  is  not  significantly  different  from  the  minimum  blocking 
achievable!  The  effect  M  has  on  network  delay  is  shown  in  Fig. 
1 1  where  we  plot,  for  N  =  2,  and  3,  the  optimum  delay  curves 
corresponding  to  various  values  of  M.  The  increase  with  larger 
M  is  due  to  the  additional  queueing  time  incurred  and  to  a 
larger  fraction  of  time  that  the  repeaters  are  active.  The  effec* 
hi  has  on  the  probability  of  blocking  is  shown  in  Fig.  1 2  where 
we  plot  the  minimum  blocking  as  a  function  of  S.  Note  the 
(slight)  decrease  achieved  by  going  from  M  =  1  to  M  —  2.  In¬ 
creasing  M  to  3,  however,  offers  no  further  significant  im¬ 
provement.  Thus,  for  a  given  network  throughput  S,  an  in¬ 
crease  in  M  results  in  an  increase  in  D„  and  a  decrease  in  Da 
(due  to  a  decrease  in  B).  What  is  then  the  effect  on  the  total 
delay  D?  As  an  example,  in  Fig.  13,  we  plot/)  versusS  forA'  =  3 
and  various  values  of  M.  Again  we  only  note  a  slight  improve- 


TOBAGI:  PACKET  RADIO  NETWORK-SLOTTED  ALOHA 


0  0.1  0.2  03  94  05 


NETWORK  THROUGHPUT  S 

Fig.  1 1.  Slotted  ALOHA  star  configuration:  Minimum  network  delay 
versus  5  for  various  values  of  M. 


network  throughput  s 


Fig.  13.  Two-hop  slotted  ALOHA  star  networks:  Total  packet  delay 
versus  S  for  N  =  3  and  M  >  1 . 


Fig.  12.  Slotted  ALOHA  star  configuration:  Minimum  blocking  versus 
S  for  various  values  of  M. 


ment  in  performance  by  going  from  M  -  1  to  Af  =  2.  No 
further  significant  improvement  is  gained  beyond  M  =2. 

The  lack  of  important  improvement  experienced  by  in¬ 
creasing  M  is  mainly  explained  by  the  fact  that  the  system,  at 
optimum,  is  mostly  “ channel  bound ”  as  opposed  to  “storage 
bound.”  To  show  that,  we  consider  in  Fig.  14  the  (a,  0)  plane 
on  which  we  plot  the  locus  of  optima,  for  both  the  star  and 
FC  configurations,  for  Af  =  1  and  various  values  of  N.  For  the 
star  configuration,  the  curves  corresponding  toN  -  2  and  N  = 
3  lie  almost  entirely  in  the  0  >  a  half  of  the  quadrant,  showing 
that  blocking  is  mostly  due  to  the  receiver  being  shut  off. 
However,  as  N  increases,  the  optimum  drifts  to  the  a  >  0  re¬ 
gion.  Is  the  system  then  storage  bound  when  N  is  large,  say  10, 
for  example?  It  is  easy  to  show  that  there  is  still  no  significant 
improvement  by  increasing  M.  First,  with  large  N,  D„  is  the 


Fig.  14.  Slotted  ALOHA  star  and  fully  connected  configurations:  a 
versus  0  at  minimum  blocking. 


predominant  delay  factor;  indeed  for  a  given  S ,  Dn  increases 
with  N  (see  Fig.  5)  while  Da  decreases  with  S/N  (for  N  =  10, 
for  example,  S/N  <  0.04).  Secondly,  as  S  remains  lower  than 
0.35  (value  close  to  the  capacity  of  these  networks  with  large 
N ),  B  is  smaller  for  larger  N  rendering  it  ineffectual  to  further 
decrease  it  in  an  attempt  to  decrease  Da.  For  example,  con¬ 
sider  N  =  10  and  S  =  0.35;  we  have  D„  3s  10,  B  a  0.38  and 
Da  as  2.5,  yielding  D  a>  12.5.  By  taking  B  =  0,  we  can  decrease 
Da  t'o  1.15  providing  thus  a  lower  bound  on  D  of  11.15,  a 
rather  small  improvement.  Moreover,  due  to  the  queueing 
effect,  Dn  increases  with  larger  M. 

As  for  the  fully  connected  configuration,  it  is  all  too  evi¬ 
dent  that  0  is  the  predominant  factor  and  thus  the  FC  con¬ 
figuration  is  even  more  channel  bound  than  the  star  configura¬ 
tion.  Moreover,  the  predominance  of  0  relative  to  a  is  accen¬ 
tuated  as  N  increases;  this  is  due  to  the  larger  number  of  con¬ 
tending  devices.  Thus,  in  the  sequel,  we  shall  only  consider 
Af  =  1. 
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C.  The  IFT  Protocol 

The  motivation  in  considering  the  IFT  protocol  is  simply  an 
expected  decrease  in  packet  network  delay  due  to  the  avoid¬ 
ance  of  an  initial  delay  at  the  first  transmission  of  the  packet. 
In  view  of  comparing  this  to  the  DFT  protocol,  we  shall  re¬ 
strict  ourselves  to  the  FC  configuration  as  it  is  simpler  to 
analyze. 

1)  Analysis  {FC  Configuration):  Let  n '  still  denote  the 
number  of  active  repeaters  in  slot  t.  In  this  protocol,  nl  is  not 
a  Markov  chain  since  its  transitions  depend  not  only  on  , 
but  also  on  whether  new  arrivals  had  occurred  in  slot  t  —  1  or 
not.  Instead  of  formulating  a  Markov  chain  model  for  the  sys¬ 
tem  by  increasing  the  state  description  to  include  an  indicator 
for  such  events,  we  choose  to  utilize  the  imbedded  Markov 
chain  technique,  and  derive  the  steady-state  performance 
measures  using  arguments  from  the  theory  of  regenerative 
processes  [24] . 

Denote  by  empty  slot  a  slot  in  which  no  repeater  under¬ 
took  a  transmission.  Denote  by  dk  the  number  of  active  re¬ 
peaters  in  the  system  at  the  end  of  the  Ath  nonempty  slot 
(see  Fig.  15);  dk  is  a  Markov  chain.  We  derive  its  transition 
matrix  P  in  Appendix  B.  Let 

=  lim  Pr  {dk  =  i }. 

*-» 

The  stationary  distribution  IP*  =  {ff0d,  n1d,  — ,  rr^*1}  is  ob¬ 
tained  by  solving  recursively  the  system  n*  =  fl dP.  We  now 
derive  the  stationary  performance  measures.  We  define  a  cycle 
to  be  the  interval  of  time  separating  two  consecutive  imbedded 
points.  A  cycle  is  entirely  determined  by  the  state  of  the  sys¬ 
tem  at  the  imbedded  point  which  initiates  it  and  can  be  labeled 
by  that  state.  Given  that  the  latter  is  i,  the  cycle  length  is  equal 
to  /,  +  1 ,  where  /<  denotes  the  number  of  empty  slots  in  the 
cycle.  The  distribution  of  /,  and  its  average,/,,  are  also  derived 
in  Appendix  B.  Let  St  be  the  probability  of  a  successful  trans¬ 
mission  in  cycle  /;  we  have 

ip(l  ~PY~* 

S,  =  Pr  (A  =  0}  — - ^ — .  +  Pr  {/,  >  0}  (21) 
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Fig.  15.  The  imbedded  Markov  chain  in  the  slotted  ALOHA  IFT 

protocol. 


and  the  stationary  average  number  of  active  repeaters  is  given 
by 


n 


N 

2  ni°‘ 

i-0 _ 

2  »,(/>!) 

i«0 


(24) 


By  Little’s  result,  D„  =  n/S.  The  probability  of  blocking  is 
simply  B  =  1  —  (S/jVA).  The  access  delay  is  given  by  (14)  or 
(14a). 

2) Numerical  Results  The  main  focus  here  is  to  compare  the 
performance  obtained  with  this  case  to  the  one  obtained  with 
the  DFT  protocol.  This  we  do  by  first  plotting  Dn  versus  S 
in  Fig.  16  and  B  versus  S  in  Fig.  17  (at  optimum)  along  with 
the  delay  and  blocking  corresponding  to  the  DFT  protocol.  We 
note  that  for  the  most  interesting  range  of  S,  Dn  is  indeed 
smaller  with  IFT.  The  IFT-system  capacity  for  a  two-hop 
environment,  however,  is  dominated  by  the  DFT-system  capa¬ 
city  (with  the  exception  of  N  =  2)  as  shown  in  Fig.  8  above; 
this  capacity  is  not  too  sensitive  to  variations  in  the  size  of  the 
network,  IV.  The  throughput-delay  curves  are  shown  in  Fig.  9 
above.  For  N  =  2,  the  IFT  delay  curve  is  consistently  lower 
than  the  DFT  curve.  For  N  =  5  and  10,  the  IFT  delay  is  lower 
over  a  significant  range  of  the  throughput,  but  as  S  increases, 
the  relationship  reverses  as  the  IFT  system  reaches  its  capacity 
sooner.  Thus  we  experience  with  the  IFT  protocol  a  slightly 
improved  packet  delay  but  a  slightly  degraded  system  capacity. 


py— >)A(i  -py+<p(i  -pY~H  1 

i  -o  -pYo  -xyv'’ 


The  average  of  the  sum  of  active  repeaters  over  the  cycle  is 
denoted  by  a,  and  is  given  by 


o,  —  //,  +  i  +  Pr  {/,  >  0}  - 


(A/  —  t)A 


i  -(i  -Py(i  -xy1' 


(22). 


By  renewal  theory  arguments,  the  stationary  system  through¬ 
put  is  expressed  as 


N 

2 

_ i»J) _ 

N 

2  n‘V‘ +  >) 

i-0 


(23) 


IV.  CONCLUSION 

The  difficulty  encountered  in  analyzing  multihop  packet 
radio  systems  led  us  to  consider  simple  but  typical  configura¬ 
tions  in  an  attempt  to  understand  the  behavior  of  these  sys¬ 
tems  and  uerive  their  performance.  We  analyzed  in  this  paper 
the  performance  of  centralized  two-hop  packet  radio  networks 
employing  slotted  ALOHA,  in  terms  of  system  capacity  and 
throughput-delay  tradeoffs.  We  have  also  shown  the  effect  on 
system  performance  of  various  system  parameters,  namely  the 
transmission  probability  p ,  the  number  of  repeaters  N,  and  the 
repeater’s  buffer  siz eM. 

The  results  show  that,  under  the  assumption  that  the  proc¬ 
essing  time  at  the  devices  is  negligible,  packet  radio  systems  are 
channel  bound;  a  slight  improvement  may  be  gained  by  in¬ 
creasing  the  buffer  size  from  M  =  I  to  M  =  2,  but  no  signifi¬ 
cant  improvement  is  obtained  beyond  that. 
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NETWORK  THROUGHPUT  S 

Fig.  16-  Slotted  ALOHA  fully  connected  configuration:  Optimum 
(network)  throughput-delay  curves. 


Fig.  17.  Slotted  ALOHA  fully  connected  configuration:  Minimum 
blocking  versus  S. 


In  the  slotted  ALOHA  context,  we  studied  the  star  con¬ 
figuration  and  the  fully  connected  configuration,  '  well  as 
two  transmission  protocols,  the  delayed  first-transmission  pro¬ 
tocol  and  the  immediate  first-transmission  protocol.  For  small 
N,  the  star  configuration  offers  a  higher  system  capacity  than 
the  FC  configuration;  this  is  due  to  the  fact  that  the  terminal 
access  hop  in  the  star  case  is  more  efticient  resulting  from 
smaller  probabilities  of  blocking  at  the  repeaters.  But  as  N 
increases,  the  inner  hop  becomes  the  critical  hop  and  both 
configurations  become  equivalent  in  capacity.  For  the  larger 
values  of  N,  the  FC  configuration  provides  smaller  packet  de¬ 
lays  for  low  and  moderate  values  of  the  throughput;  this  is 
due  to  smaller  network  delays  in  the  FC  configuration,  and 
this  is  more  noticeable  for  the  larger  values  of  N  where  net¬ 
work  delay  becomes  the  important  component  of  the  total 
packet  delay. 

System  performance  varies  with  the  particular  transmission 
protocol  utilized  at  the  repeater  hop.  Still  in  the  context  of 
slotted  ALOHA,  the  sensitivity  of  the  system  performance  to 
variations  in  the  transmission  protocol  was  observed  by  com¬ 
paring  the  IFT-FC-configuration  to  the  DFT-FC-configura- 
tion.  We  basically  noted  a  lower  system  capacity  with  the  IFT 
protocol  which  is  not  too  sensitive  to  changes  in  N.  The  packet 
delay,  however,  has  slightly  improved  over  a  significant  range 
of  the  throughput,  as  anticipated. 

In  Part  II  [  1  ]  we  examine  the  same  problem  with  the  non- 
persistent  carrier  sense  multiple-access  mode  used  throughout 
the  system. 

APPENDIX  A 

TRANSITION  MATRIX  FOR  THE  SLOTTED  ALOHA 
PROTOCOL  WITH  M >  1 

We  denote  by  Pr  {/»  I  m }  the  probability  of  the  one-step 
transition  from  state  m  =  ( mx ,  m2l  — ,  mN)  to  state  n  =  (n1, 
«2>  «w)-  In  any  transition,  the  amplitude  of  change  in  n, 

cannot  exceed  1.  We  distinguish  the  following  cases: 

1)  If  3  i  such  that  |  m(  —  n,-  I  >  1 ,  or  if  3  i, ;,  i  it  /,  such 

that  /i,  =m(  -  1  and  n;  =  -  1 ,  then  Pr  {n  |  m)  =  0. 

2)  Otherwise  (either  a  successful  transmission  took  place  or 
no  packet  was  successfully  transmitted),  if  3  i0  such  that 
mi0  =  niQ  +  1  (indicating  a  successful  transmission  by  repeater 
i0)  then 


Pr  {/*  |m}  =pf]  (1 

-p)*i 

(\£r  +o~*+Hi)ii] 

>*<0 

i*i0 

(A.  I) 

where 

[  1  if  ntj  >  0 

f  1  if  mt  =  rij 

X,= 

|  0  if  mt  =  0 

“ 

|  0  if  rrij  *  rtj 

1  ifm/  -r\j  — 

1  | 

1  if/t;  =14 

?)=  1 

0  if  nt/  >  n , 

Qi{  rtj  <M  (A. 2) 

The  term  pTlj+,0(l  -  p)*i  represents  the  probability  that  /„  is 
the  only  transmitting  repeater  among  all  active  ones.  The  sec- 
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ond  product  term  represents  the  probability  of  all  changes, 
that  is,  the  presence  or  absence  of  arrivals,  which  occurred  at 
the  remaining  queues  in  the  current  slot. 

3)  Otherwise  (no  successful  transmission  took  place),  let¬ 
ting  rtj}  we  have 


Pr  {n  1  m) 


-[n 


[pxy  +  (i  -P)xy(1  _X  +  Xf/)] 


2  PXl  II  (1  -^*(1  -X+Xf*)j 
let,  k&i, 

k*i  J 


•  n  o  -pr* 

where  and  are  defined  in  (A.2)  above.  According  to  the 
model  under  consideration,  an  arrival  to  a  repeater  in  a  slot  t  is 
rejected  (blocked)  if  that  repeater  is  in  transmit  mode  during 
the  slot.  Thus,  the  number  of  packets  queued  at  repeater 
j  €  I,  remains  unchanged  with  probability  p^  +  (1  -  p)xi 
0  —  X  +  M>).  provided  that  any  transmission  (represented 
by  the  term  pxj)  is  unsuccessful.  Since  the  repeaters  are  all 
independent,  the  probability  of  the  event  =  rtj}  for  all 
/  €  I,  is  then  given  by  the  expression  in  the  first  bracket,  in 
which  the  summation 

I nu-.mi-x+xfj 


represents  the  probability  of  all  possible  successful  transmis¬ 
sions-  Now  for  all  /  $  I,,  the  number  of  packets  increased  by 
one;  the  probability  of  this  event  is  simply  given  by  the  last 
product  term. 

APPENDIX  B 

TRANSITION  MATRIX  FOR  THE  SLOTTED  ALOHA 
IFT  PROTOCOL  WITH  M  «  1 

Let  py  =  Pr  {dk*1  -i\dk  =»}.  Fori  =  0,  we  have 
N\{  1 

— b - L -  /  =  0 

i  ~<i  ~  xyv 


/  JV\X'(1  -  \f~i 

\j  /i-o-xr 


}  —  2,  3,  —,N 


Given  that  dk  =  r,  let  It  denote  the  number  of  empty  slots 
separating  two  consecutive  nonempty  slots.  Note  that,  in  a 
fully  connected  configuration,  it  is  only  in  an  empty  slot  that 
an  arrival  from  a  terminal  can  be  successfully  received  at  the 
repeater.  Also  note  that  with  the  IFT  protocol,  an  arrival  in 
an  empty  slot  ends  the  sequence  of  empty  slots  separating  two 
consecutive  nonempty  slots.  Thus,  for  i  =£  0,  N,  we  have 

Pr  {I  =0}  =  l-(l-p>;Pr{/(>0}=(l-Py  (B.2) 

and  the  transition  probabilities  are  given  by  (i  ¥=  0,  A) 
/'<»-  I 
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Finally,  for  i  =  N  we  simply  have 


0 


Pnj  = 


Np(l  -pf  1 

1  -0  -pY1 


m  i 

i  -o  -Pr 


i  <n  —  l 

j  =  N  —  1 


j=N. 


(B.4) 


The  probability  density  function  of  /,-  is  given  by 
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Thus  7;  is  expressed  as 
1 
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Analysis  of  a  Two-Hop  Centralized  Packet  Radio  Network — 
Part  II:  Carrier  Sense  Multiple  Access 

FOUAD  A.  TOBAGI,  member,  ieee 


Abstract — We  continue  in  this  paper  our  study  of  two-hop  centralized 
packet  radio  networks  in  view  of  understanding  the  behavior  of  these 
systems.  Traffic  originates  at  terminals,  is  destined  to  a  central  station,  snd 
requires  for  its  transport  the  relaying  of  packets  by  store-and-forward 
repeaters.  We  consider  here  that  all  devices  employ  the  non  persistent 
carrier  sense  multiple-access  mode.  System  capacity  and  throughput-delay 
tradeoffs  are  derived  and  compared  to  those  obtained  for  slotted  ALOHA 
in  Part  I  (l|. 

I.  INTRODUCTION 

THE  difficulty  encountered  in  analyzing  multihop  packet 
radio  systems  led  us  to  consider  simple  but  typical  con¬ 
figurations  in  an  attempt  to  understand  the  behavior  of  these 
systems  and  derive  their  performance.  In  Part  I  we  analyzed 
the  performance  of  centralized  two-hop  packet  radio  networks 
employing  slotted  ALOHA  in  terms  of  system  capacity  and 
throughput-delay  tradeoffs  [1].  In  the  present  paper,  we 
continue  the  study  by  considering  that  all  devices  employ 
the  nonpersistent  carrier  sense  multiple  access. 

Carrier  sense  multiple  access  reduces  the  level  of  inter¬ 
ference  caused  by  overlapping  packets  in  the  random  multi¬ 
access  environment  by  allowing  the  devices  to  sense  the 
carrier  due  to  transmissions  by  users  within  range  (2).  In  the 
simple  nonpersistent  CSMA  protocol,  a  device  with  a  packet 
ready  for  transmission  senses  the  channel  and  operates  as 
follows:  1)  if  the  channel  is  sensed  idle,  the  device  transmits 
the  packet;  2)  if  the  channel  is  sensed  busy,  then  the  device 
reschedules  the  transmission  of  the  packet  to  some  later 
time  incurring  a  random  rescheduling  delay;  at  this  new  point 
in  time,  the  device  senses  the  channel  and  repeats  the  algo¬ 
rithm.  For  simplicity  in  analysis,  a  slotted  version  of  the  above 
protocol  is  considered  in  which  the  time  axis  is  slotted  and 
the  slot  size  is  r  s,  where  r  is  the  propagation  delay  among 
pairs  of  devices.1  Note  that  this  definition  of  a  slot  is  different 
from  that  used  in  Part  I  for  slotted  ALOHA;  here  a  packet's 
transmission  time  is  equivalent  to  several  slots.  All  devices  are 
synchronized  and  are  forced  to  start  transmission  only  at  the 
beginning  of  a  slot.  When  a  packet’s  arrival  occurs  during  a 
slot,  the  device  senses  the  channel  and  operates  according  to 
the  protocol  described  above. 

As  in  Part  I,  we  consider  two-hop  centralized  configura- 
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1  As  in  (2)  ,  we  assume  the  propagation  delay  to  be  the  same  for  all 
Pairs. 


tions  in  which  traffic  originates  at  terminals,  is  destined  to 
a  central  station,  and  requires  for  its  transport  that  packets 
be  relayed  by  store-and-forward  repeaters.  The  basic  perform¬ 
ance  measures  sought  here  are,  again,  system  capacity  and 
throughput-delay  tradeoffs.  All  devices  are  provided  with 
onmidirectional  antennas.  With  each  repeater  is  associated  a 
population  of  terminals,  in  line-of-sight  and  within  range  of 
only  that  repeater.  Traffic  originates  at  terminals  and  is 
destined  to  ihe  station;  thus,  we  consider  inbound  traffic 
only.  Each  repeater  is  provided  with  a  finite  storage  capacity 
which  can  accommodate  a  single  packet.  The  station  has  an 
infinite  storage  capacity.  Packets  are  all  of  a  fixed  size.  When 
the  transport  of  a  packet  over  a  hop  is  successful  (i.e.,  the 
transmission  is  free  of  interference  and  storage  is  available 
at  the  receiving  device),  the  packet  is  deleted  from  the 
sender’s  queue;  otherwise,  the  packet  incurs  a  retransmission 
delay.  It  is  assumed  again  that  a  device  learns  about  its  success 
or  failure  at  the  end  of  transmission;  that  is,  acknowledgments 
are  assumed  to  be  instantaneous  and  for  free.  At  any  one  time, 
a  device  can  be  either  transmitting  or  receiving,  but  not  both 
simultaneously.  The  station  always  has  its  receiver  on.  The 
packet  processing  time  at  any  device  is  considered  to  be 
negligible. 

In  order  to  gain  much  of  the  advantage  of  CSMA,  we  con¬ 
sider  the  FC- configuration  depicted  in  Fig.  1,  where  all  re¬ 
peaters  are  within  range  and  in  line-of-sight  of  each  other  and 
of  the  station.  Terminals  follow  the  nonpersistent  CSMA 
protocol  described  above.  A  repeater,  which  has  completed 
the  successful  reception  of  a  packet  from  its  associated  popula¬ 
tion  of  terminals,  transmits  the  packet  without  delay.  The 
repeater  is  guaranteed  that  the  channel  will  be  sensed  idle  at 
the  end  of  a  correct  reception  since,  given  the  system  con¬ 
nectivity,  all  repeaters  must  have  been  quiet  during  the  entire 
reception  time  of  the  packet.  This  first  transmission  (and 
subsequent  transmissions)  of  the  received  packet  may  however 
still  be  unsuccessful  due  to  collisions  with  transmissions  from 
other  active  repeaters.  The  rescheduling  of  the  packet  is 
considered  to  be  geometrically  distributed;  that  is,  the  repeater 
resenses  the  channel  in  the  current  slot  with  a  fixed  proba¬ 
bility  (/;  clearly,  a  retransmission  will  result  only  if  the  channel 
is  sensed  idle.  (Note  that  this  transmission  protocol  is  analog 
to  the  IFT  protocol  considered  in  Part  I  for  the  slotted 
ALOHA  mode  [  1  ] .) 

II.  ANALYSIS 


Consider  for  each  population  of  terminals  T,  a  time  line 
which  exhibits  packet  transmissions  from  Tt  only.  Consider 


A.  Characterization  of  Repeaters's  Traffic 
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also  a  time  line  R  which  exhibits  packet  transmissions  from 
repeaters  only,.  On  each  such  time  line  we  observe  an  alternate 
sequence  of  transmission  and  idle  periods  (see  Fig.  2).  The 
processes  defining  these  time  lines  are  evidently  dependent  on 
each  other  in  a  rather  complex  way;  the  dependence  is  deter¬ 
mined  by  the  particular  system  connectivity. 

Since  repeaters  possess  a  single-packet  buffer,  it  is  clear 
that  packet  transmissions  from  a  population  of  terminals  to 
their  associated  repeater  are  useless  if  the  latter  has  a  non¬ 
empty  buffer.  Although  such  transmissions  do  not  affect  the 
system’s  operation,  they  do  affect  the  network  performance 
in  that  they  may  cause  the  repeater  to  delay  its  transmission 
due  to  sensing  terminals’  carrier.  Accordingly,  we  consider 
here  that  the  repeaters  use  a  signaling  scheme  which  allow 
them  to  distinguish  between  the  presence  of  carrier  due  to 
other  repeaters  and  carrier  due  to  transmissions  by  their 
associated  terminals.  One  such  scheme  consists  of  having 
repeaters  transmit  a  busy-tone  signal  on  a  narrow-band  busy- 
tone  channel  whenever  they  are  undertaking  packet  trans¬ 
missions.2  From  the  analysis  point  of  view,  an  important 
simplification  is  also  gained,  in  that  the  decision  made  by  a 
repeater  regarding  the  transmission  of  its  packet  is  solely 
dependent  on  the  state  of  the  repeaters. 

B.  Characterization  of  Terminals  ’  Traffic 

In  the  environment  in  question,  a  terminal  is  out-of-range 
of  all  but  its  associated  repeater  and  thus  can  incur  collisions 
with  other  repeaters’  transmissions.  However,  by  assuming 
that  a  terminal  does  not  inhibit  transmission  even  when  its 


2  The  busy-tone  channel  is  assumed  to  be  separate  from  the  avail¬ 
able  bandwidth  in  question.  Problems  in  detecting  the  busy  tone  that 
may  arise  with  the  use  of  narrow-band  channels  are  ignored  in  this 
paper  (3| 


Fig.  2.  Slotted  nonpersistent  CSMA:  Transmission  and  idle  periods 
(vertical  arrows  represent  terminals  becoming  ready  to  transmit). 


associated  repeater  is  transmitting,  we  here  too  simplify  the 
analysis  considerably  in  that  the  processes  defining  each  time 
line  T,  become  independent  of  the  repeaters’  tirtlb  line  R;  the 
successful  transport  of  a  packet  from  a  terminal  to  its  asso¬ 
ciated  repeater,  on  the  other  hand,  will  be  considered  de¬ 
pendent  on  the  state  of  R  (as  seen  in  the  analysis  below). 
The  effect  of  this  assumption  on  the  evaluation  of  the  system 
performance  is  to  provide  rather  slightly  pessimistic  results; 
indeed  transmissions  from  T,  which  start  during  a  transmis¬ 
sion  period  of  repeater  Rf  are  useless  and  contribute  to  a 
higher  traffic  rate  on  time  line  T,.  It  is  however  important  to 
note  that  this  effect  gets  smaller  as  N,  the  number  of  repeaters, 
gets  larger.  For  N  =  10,  for  example,  T,  can  normally  hear 
only  10  percent  of  the  repeaters’  traffic. 

A  transmission  from  Tf  is  said  to  be  T/-successful  it  if 
is  free  of  collision  from  other  terminals  in  T,.  Let  X  denote 
the  rate  of  T,-successful  transmissions  from  T,  (normalized  to 
the  packet  transmission  time).  Due  to  blocking  at  repeater  Rf, 
only  a  fraction  s  <  X  is  correctly  received  at  the  repeater.  Let 
G  be  the  rate  of  sense  points  on  time  line  T,.  By  the  above 
assumption,  X  and  G  for  this  slotted  nonpersistent  CSMA  are 
related  by  (2) 

aGe~aC 


where  a  =  t/T  and  T  is  the  transmission  time  of  a  packet. 
Moreover,  the  average  idle  period  of  time  line  Tt  is 
ae~aG/( l  —  e~aC),  and  the  transmission  period  is  T  +  r.  We 
let  t  be  the  unit  time.  T  denotes  then  the  number  of  slots  per 
transmission  time,  and  a  equals  1  IT.  We  characterize  now  the 
process  defining  the  Trsuccessful  transmission.  Let  Y  denote 
the  time  (in  units  of  T)  between  the  end  of  two  consecutive 
T,-successful  transmissions.  Simulation  results  have  shown 
that  we  can  approximate  Tby  1  +  Z  where  Z  is  exponentially 
distributed  with  me*  '  '  =  1/X—  1.  That  is 

?t{Y<.y)=\-e  -»>  y>  1.  (2) 

The  goodness  of  the  approximation  is  verified  by  comparing 
this  density  function  with  histograms  of  interdeparture  times 
obtained  from  the  simulation  of  an  infinite  population  of 
terminals  employing  CSMA.  Examples  are  shown  in  Fig.  3. 

C.  Analysis 

Consider  time  line  R  on ‘which  we  observe  an  alternate 
sequence  of  transmission  periods  and  idle  periods.  As  in  [4] , 
we  consider  the  imbedded  slots  defined  to  be  the  first  slot 
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Fig.  3.  (a)  Histograms  of  interdeparture  times  in  slotted  nonpersistent 

CSMA  (X  *  0.1).  (b)  Histograms  of  interdeparture  times  in  slotted 
nonpersistent  CSMA  (\  *  0.3.  0.55  and  0.75). 


of  each  idle  period  (see  Fig.  4).  The  intervals  between  two 
consecutive  imbedded  slots  are  defined  as  cycles.  Let  n'e 
denote  the  number  of  active  repeaters  in  slot  te.  We  show  that 
is  a  Markov  chain  and  determine  its  transition  probabil¬ 
ities. 

Given  n‘ *  =  n.  let  I„  denote  the  length  of  the  idle  period 
(in  slots).  An  idle  period  ends  in  a  slot  if  either  an  aqtive  re¬ 
peater  decides  to  start  transmission  in  that  slot,  or  a  successful 
transmission  to  a  passive  repeater  from  its  associated  popula- 


Fig.  4.  The  imbedded  slots  in  time  line  R. 
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tion  of  terminals  is  completed  in  that  slot  (since  the  repeater 
immediately  relays  it),  or  both.  It  is  clear  that  for  a  T,-success- 
ful  transmission  to  be  successfully  received  at  repeater  R, 
(considered  inactive),  this  transmission  should  entirely  take 
place  during  an  idle  period  of  time  line  R.  Consider  the  im¬ 
bedded  slot  tt  and  assume  n‘*  =  n.  Let  then  Jn  denote  the 
time  until  some  active  repeater  decides  to  sense  the  channel 
(and  hence  to  transmit  if  the  channel  is  sensed  idle).  Jn  is 
geometrically  distributed;  its  density  function  is  given  by 


Pr(/„  =  it  slots)  =  (1  -p)n<*-1>(l  -0  -pyi.  (3) 

With  n‘*  =  n,  there  ar t  N  —  n  inactive  repeaters.  Let  R,  again 
denote  such  a  repeater.  By  the  independence  assumption 
between  time  line  R  and  the  terminal  time  lines,  the  end  of 
a  cycle  on  time  line  R  represents,  relative  to  time  line  T,,  a 
random  look  in  time;  accordingly,  the  probability  that  this 
point  falls  in  a  transmission  period  of  T,  is  precisely  the 
ratio  of  the  transmission  period  to  the  average  cycle  time 
(yielding  1  —  X/G);  the  probability  that  it  falls  in  an  idle 
period  is  clearly  A/C.  We  let  Yi  denote  the  time  since  te 
(the  end  of  a  cycle  on  time  line  R)  until  time  line  T,  is  idle; 
its  distribution  is  then  given  by 

WY,<y)m^+  (. L")£  0<y<r.  (4) 

Given  that  a  transmission  from  7)  requires  T  slots,  no  success¬ 
ful  reception  at  repeater  R,  can  take  place  before  slot  t,  + 
Yi  +  T.  Let  Yi  —  Yi  +  T.  From  the  characterization  of 
successful  traffic  introduced  above,  we  note  that,  following 
te  +  Yi' ,  the  arrival  process  from  7)  to  R,  can  be  represented 
by  a  Bernoulli  process,  whereby  the  probability  of  completion 
of  a  correct  reception  in  a  slot  is  a\\  with  X'  =  1  /( 1  /X  —  1). 
Without  loss  of  generality,  we  let  Rlf  R2,  — ,  RN_n  be  the 
inactive  repeaters  and  we  let  Yx’  <  —  <  YN~„'  <  00  and 
let  Y0’  =  0.  For  any  slot  t,  te  +  Y/  <  t  <  te  +  F,+1 ',  (and 
under  the  condition  that  no  arrival  took  place  to  any  inactive 
repeater  prior  to  f),  the  arrival  process  in  slot  t  is  binomial 
such  that 


Pr  {k  packet  receptions  completed  in  t,  0  <  k  </} 


(ax'y»(  1  -a\'y-k. 


(5) 


With  these  considerations,  it  is  clear  that  n1*  is  a  Markov 
chain.  To  avoid  the  great  complexity  involved  in  keeping 
track  of  the  position  of  time  slot  1  in  relation  to  the  sequence 
{f,  +  Y/},  we  choose  here  to  derive  an  upper  and  lower 
bound  on  performance  by  considering  the  following  much 
simpler  arrival  processes.  We  let  ymin'  =  Yx'  and  Ymxx'  = 
Y S — n  '  •  The  upper  bound  is  obtained  by  considering  the 
arrival  process  to  be 

Pr  {At  packet  receptions  completed  in  f ,  0  <  Ac  <  TV  —  n} 

(  0  t  <tt  +  Ymin 

J  ”)  (flX')*(i  -«xr-"-*  G  +  rmin<'<~ 

(6) 

The  lower  bound  is  obtained  by  substituting  Ymxx'  for 
^min  in  the  above  equation.  Let  Pm'  denote  interchangeably 
Ymin  and  YmMX',  where  the  subscript  m  is  replaced  by  min 
or  max  as  needed.  If  J„  <  Ym'  then  the  idle  period  ends 
because  of  the  start  of  a  transmission  from  an  active  repeater; 
if  Jn>  Ym'  then  arrivals  to  passive  repeaters  are  possible,  and 
for  each  slot  thereon  it  is  the  contention  of  both  active  re¬ 
peaters  and  passive  repeaters  just  completing  reception  that 
determine  the  end  of  the  idle  period  in  that  slot.  Clearly  the 
system  state  (number  of  active  repeaters)  does  not  vary  over 
a  transmission  period  of  time  line  R.  With  these  considera¬ 
tions,  it  is  straightforward  to  derive  the  transition  matrix  P  for 
each  case.  This  is  given  in  the  Appendix.  Let  fl  =  {rr0,  ttj,  — , 
nN)  denote  the  stationary  distribution,  where 

ir,-  =  .  lim  Pr  { n 'e  =  /}. 

>t — 

17  is  obtained  by  solving  recursively  the  system  11  =  IIP.  Now, 
we  proceed  with  the  derivation  of  the  performance  measures, 
namely  the  network  throughput  S  and  the  network  delay  D„. 
We  have  defined  a  cycle  to  be  the  interval  of  time  separating 
two  successive  imbedded  slots;  a  cycle  consists  of  an  idle 
period  followed  by  a  transmission  period.  Given  that  =  n, 
let  /„  denote  the  length  of  the  idle  period;  the  transmission 
period  is  of  length  T  +  1 ;  the  cycle  length  is  /„  +  T  +  1 .  Let 
/„  denote  the  expected  value  of  /„;  7n  is  derived  in  the 
Appendix.  The  probability  of  a  successful  transmission  by  the 
repeaters  over  the  cycle,  which  we  denote  by  Sn  is  expressed 
as 


S„=Pr{J„<Ym'} 


nv{  1  —  uf~1 

1 — (i  -»r 


+  Pt{Jn>Ym’} 


nijl  -a\Y~n  -aX')*"""^ -vy 

1  -(i  -vyo  -a\y~n 


(7) 
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In  this  expression,  we  distinguished  thfe  case  J„  <  Ym'  where 
only  active  repeaters  contend  on  the  channel,  and  the  case 
Jn  >  Ym'  where  newly  received  packets  contend  as  well.  Let 
g„  denote  the  average  sum  of  active  repeaters  over  all  slots 
in  the  cycle.  It  is  expressed  as 


on  =  (7„  +  r+  1>»  +  (T+  1) Pr  {/„  >  Km'} 
(N  —n)a\' 

1  -(1  -»0"(1  -aX'Y'-"' 


(8) 


By  arguments  from  the  theory  of  regenerative  processes,  we 
write  the  stationary  system  throughput  5  and  the  stationary 
average  number  of  active  repeaters  n,  respectively,  as 

2  n«s*T 


s  = 


nm0 


N 

1 

n  -  0 


(9) 


2  «nUn+T+  I) 

,V 

n  *0 


n  = 


,v 

2  *ntin+T+  1) 
n  «  0 


(10) 


By  Little's  result,  the  average  network  delay  Dn  is  given  by 
n/S.  As  for  the  access  delay  Da,  we  estimate  it  here  by 


1  B 

_  _  ^npcsmaW  +  ■  ~  5(X) 

ID  ID 


(11) 


where  Dnpcsm  a  W 's  t*ie  average  packet  delay  of  an  infinite 
population  employing  the  nonpersistent  CSMA  protocol 
and  whose  output  is  X;  6(X)  is  the  optimum  average  retrans¬ 
mission  delay  minimizing  £>npcsma  (X);  B  is  the  probability 
that  a  T.-successful  packet  gets  blocked  at  the  receiving 
repeater  and  is  expressed  as 


S 

B  =  1 - . 

/VX 


02) 


III.  DISCUSSION  OF  NUMERICAL  RESULTS 

We  show  in  Table  I  numerical  results  obtained  for  various 
values  of  ,V.  X,  and  v.  These  numerical  results  show  that  1) 
the  performance  is  not  too  sensitive  to  variations  in  v  (how¬ 
ever  a  very  small  value  of  v  {u  <  0.001)  may  induce  degrada¬ 
tion  in  performance);  2)  the  network  delay  is  not  much  larger 
than  one;  and  3)  the  access  delay  is  the  predominant  com¬ 
ponent  of  packet  delay  as  the  throughput  increases  due  to  an 
important  increase  in  blocking.  The  large  values  of  blocking 
experienced  are  mostly  due  to  the  lack  of  synchronization  in 
transmissions  between  the  inner  hop  and  the  outer  hop,  rather 
than  to  an  inefficient  behavior  of  the  inner  hop.  These  results 
are  explained  by  the  fact  that  with  the  nonpersistent  CSMA,  as 
long  as  N  is  not  too  large  (N  <  10),  the  probability  that  a 


TABLE  I 

NUMERICAL  RESULTS  FOR  VARIOUS  VALUES  OF  N,  K  AND  v. 


N 

\ 

V 

o.oot 

1.023 

1.023 

0.1534 

0.1512 

0.233 

0.244 

0.0) 

1.013 

1.013 

0.1535 

0.1513 

0.232 

0.243 

2 

0.1 

0.1 

1.01? 

1.012 

0.1535 

0.1513 

0.232 

0.243 

o.s 

1.012 

1.01.’ 

0.1535 

0.1513 

0.232 

0.243 

0.001 

1.528 

1.528 

0.4009 

0.3544 

0.749 

0.778 

0.8 

o.oi  • 

1.116 

1.116 

0.4198 

0.3645 

0.737 

0.772 

2 

0.1 

1.077 

1.077 

0.4232 

0.3668 

0.735 

0.770 

0.5 

1.092 

1.092 

0.4220 

0.3659 

0.736 

0.771 

0.001 

1.072 

1.072 

0.2618 

0.2476 

0.476 

0.504 

0.01 

1.022 

1.022 

0.2623 

0.2479 

0.475 

0.504 

5 

0.1 

0.1 

1 .017 

1  .017 

0.2624 

0.2481 

0.475 

0.504 

0.5 

1  .019 

1  .019 

0.2624 

0.2480 

0.475 

0.504 

0.001 

2.513 

2.371 

0.4535 

0.3461 

0.870 

0.901 

0.7 

0.01 

1.270 

-..252 

0.4620 

0.3477 

0.868 

0.900 

5 

0.1 

1.163 

1.163 

0.4685 

0.3525 

0.866 

0.899 

0.5 

1.200 

1.200 

0.4650 

0.3505 

0.867 

0.900 

transmission  is  successful  is  very  close  to  1.  With  the  IFT 
protocol  used  here  the  repeater  is  guaranteed  that  the  channel 
is  idle  at  the  end  of  a  correct  reception  since,  given  the  system 
connectivity,  all  repeaters  must  have  been  quiet  during  the 
entire  reception  time  of  the  packet.  (With  a  network  delay  as 
small  as  this,  there  was  no  need  to  consider  larger  values  of  M, 
or  protocols  other  than  IFT.) 

Examining  closely  the  intermediate  numerical  results,  we 
observe  that  the  stationary  distributions  nmin  and  are 

“identical”3  for  the  optimum  v  (v  as  0.1),  and  the  probability 
of  success  [S„]min  and  are  also  very  close  to  each 

other  and  close  to  1;  the  average  idle  periods  [/„  ]  m »n  and 
(A,)  max-  un  the  contrary,  show  important  differences  affect¬ 
ing  significantly  the  performance  evaluation.  To  overcome 
this  difficulty  we  resort  to  Monte  Carlo  simulation  to  estimate 
Sn  and  /„  for  n  =  0.  I,  — ,  N  (a  much  simpler  task  than  a 
complete  simulation  of  the  system);  then  using  equivalently 
dm  in  or  nm„  we  derive  the  performance  measures.  Let 
n'e  =  n.  The  algorithm  used  to  generate  one  sample  of  /„, 
Sn  and  o„  is  as  follows. 

1)  Generate  N  —  n  random  variables  accord¬ 

ing  to  the  distribution  given  in  (4).  Without  loss  of  generality, 
we  continue  to  assume  that 

0  =  Y0'<Y1’<Yt'--<Yfl_n'<YN-n.l’=„ 

2) /-0. 

3).  Generate  a  random  variable  J„'  such  that 


Pr  {/„'=*}  -  [(I  -^)"(1  — ax'yi<k—1> 

'  (1  -0 -•'FO  -aX'Vl  (13) 

If 

Jn‘  <  Yj+i  —  Y/  then  do: 

(n  =  Yj  +  Jn>  (14) 


3  Accurate  within  four  decimals  (the  accuracy  used  in  printing  the 
results). 
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mj  1  -r)"~1(I  -aX'y+/aX'( I  -aVy^O  ~VT 
i  —  (i  -p)n(i  -jx'y 


cr„=(/„+r+l>»  + 


a\'(T+  1) 

1  -(1  -i>T(  1  -flX'y 


else /•»-/+  1 ;  repeat  this  step. 


If  L  samples  are  needed,  the  algorithm  is  repeated  L  times. 
The  estimates  of  Tn,  S„  o„,  denoted  by  (^n)iim  • 

(°n)*im.  respectively,  are  obtained  by  just  taking  the  average 
over  the  L  samples.  The  estimates  for  the  performance  mea¬ 
sures  S  and  Dn  are  obtained  by  using  (9),  (10),  and  Little’s 
result  in  which  we  substitute  (c„)sim  for 

and  on,  respectively. 


A.  The  Throughput-Delay  Tradeoff 

The  system  capacity  is  displayed  in  Fig.  5,  and  the  through¬ 
put-delay  tradeoff  for  N  =  2,  5,  and  10,  is  plotted  in  Fig.  6. 
We  note  a  slight  improvement  in  performance  as  N  increases. 
We  also  compare  in  Figs.  5  and  7  the  performance  of  CSMA 
to  that  of  slotted  ALOHA  as  obtained  in  Part  1[IJ.  Contrary 
to  the  slotted  ALOHA  case  in  which  we  noted  that  for  N  >  3, 
the  inner  hop  constitutes  practically  the  bottleneck,  with 
CSMA  the  inner  hop  is  extremely  efficient  and  the  terminal- 
to-repeater  hop  becomes  more  critical.  As  N  increases,  the 
input  rate  X  required  at  each  repeater  to  produce  a  given 
throughput  S  is  smaller,  and  therefore  the  “wasted”  time  on 
the  time  lines  T,  represented  by  the  variables  Y/  is  less  impor¬ 
tant;  accordingly  it  is  possible  to  have  a  larger  number  of 
simultaneous  receptions  at  various  repeaters,  and  therefore 
to  achieve  a  higher  system  capacity;  moreover,  packet  delay 
is  lower  since  the  access  delay  Da  is  also  smaller  with  smaller 
X.  In  comparison  to  slotted  ALOHA  we  note  that  CSMA 
offers  an  improvement  which  becomes  more  significant  as 
N  increases. 

IV.  CONCLUSION 

We  pursued  in  this  paper  the  analysis  of  centralized  two- 
hop  packet  radio  systems  by  considering  that  devices  through¬ 
out  the  system  use  carrier  sense  multiple  access. 

It  was  shown  that,  with  CSMA,  the  performance  is  not 
too  sensitive  to  the  transmission  probability  as  is  the  case 
with  slotted  ALOHA  [1].  The  network  delay  is  close  to  one 
packet  transmission  time  rendering  the  access  delay  the 
predominant  component  of  packet  delay.  The  high  levels  of 
blocking  experienced  are  due  to  the  lack  of  synchronization 
in  transmission  between  the  inner  hop  and  the  terminal- 
access  hop  rather  than  to  an  inefficient  behavior  of  the  re¬ 
peater  hop.  The  results  on  throughput-delay  tradeoffs  have 
shown  that  in  this  most  unsynchrotlized  transmission  mode 
between  inner  and  outer  hops,  CSMA  manages  to  provide 
improved  performance  over  slotted  ALOHA,  especially  when 
the  number  of  repeaters  around  the  station  increases.  This 
improvement,  however,  is  not  of  the  same  magnitude  as  in 
single-hop  systems  [2] ,  due  to  the  multihop  interference 
effect.  The  excellent  performance  achieved  at  the  repeater 
hop  substantiates  the  need  to  consider  a  buffer  size  of  only 


NUMBER  OF  REPEATERS  N 


Figure  5.  Network  capacity  versus  1 V  tor  slotted  ALOHA  and  non- 
persistent  CSMA  networks  ( a  =  0.01). 


NETWORK  THROUGHPUT  S 


Fig.  6.  Throughput-delay  tradeoffs  in  nonpersistent  CSMA  two-hop 
fully  connected  network*  (<r  =  0.01). 
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Fig.  7.  Comparison  between  slotted  ALOHA  and  nonpersistent  CSMA 
(a  =  0.01)  tor  various  values  ot'/V. 


one  packet.  Moreover,  it  indicates  that  with  CSMA,  contrary 
to  slotted  ALOHA,  a  dynamic  control  procedure  at  the  re¬ 
peater-hop  would  have  insignificant  effect  on  the  overall 
system  performance. 

Finally,  we  conclude  by  pointing  out  that,  in  order  to 
achieve  better  performance  in  these  multihop  environments, 
we  need  more  clever  schemes  which  guarantee  a  higher  level 
of  synchronization  between  terminals  and  repeaters  trans¬ 
missions;  one  such  solution  may  be  offered  by  combining 
min-slotted  alternating  priorities  (MSAP)  [5]  with  a  clever  use 
of  the  busy  tone  concept. 

APPENDIX 

TRANSITION  MATRIX  FOR  THE  CSMA  IFT  PROTOCOL 

The  transition  probabilities  p„j  between  consecutive 
imbedded  points  are  given  by 


AffaX'Xl  -aX'Y1-1 

i  -(i  -axy 


Poj  - 


0 


1  -(I  -aXT 


7=0 

7=1 

/>  1 


Pnj 


0 

Nvjl  -  a)*-* 
1-  —  (1  -vf 


_  AVQ  -tp"-1 

i  —  (i— vyv 

and  for  1  <  n  <  N  — 1 


/  <  Ar  —  1 
i  =  N- i 

j=N 


(A.l) 


(A.2) 


P”j  ~ 
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f  „  1  ~nv(  1  -vf*1  “(I  ~vT 
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We  now  derive  the  expressions  for  Pr{/„  >  Krain'}  and 
Pr{/„  >  ym»i  }  Given  n‘*  =  n,  and  the  distribution  for 
Yj  given  in  (4),  we  have 


*{YnmJl'<T+y} 


-(1  -i>)"<7'-1>(Ar-n) 


wcr 


—  n—  1 


/  x^ 

N-n 

NZS r1  „  (N-n-  1)! 

+  x  (— iy  — - — 

(X/Cyv-n-i-k' 

b+ 

V  0/ 

)7’_ 

k-i  (N-n-l-k)l 

a**1 

0<>-<r  (A.4) 


(A.  10) 


-[(-I)  (-;)] 
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rr(rmln'>T  +  y} 

L\  oy  \ 

0  <y<T.  (A. 5) 

From  the  distribution  of  /„  given  in  (3)  we  note  that 

Pr{/n>*}  =  (l  (A .6) 

Using  (A.4)  through  (A.6)  we  have 

Pr  >  Fmix'}  =  (1  —  »»)"<T-1>|  (  -  )  +  (N  —  n) 


fr{Jn>Ymin}  =  (\  —  py»<T-i) 
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where 
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We  are  now  left  with  the  determination  of  /„.  Given  that 


Ym'=y,  the  average  idle  period  is  given  by 
Ai  i  vm’"y  =  Pr  {/„  <  y}fn  I  Jn  <y>  ym'.y 
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(  X\  • 

y  N— n —  1 

1 - 
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V  G/] 
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We  note  that  the  integrals  are  of  a  known  form,  namely 

t  r  xm  m 

lxmeax  dx  =  eax  \  —  +  £  (_1)* 
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After  some  algebra,  we  get  the  following  expressions: 
Pr  tt,  >  W) 
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Let  n  #  0,  N\  for  0  <  fc  <  y  —  1  we  have 
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The  average  idle  period  in  this  case  is 
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Thus,  for  n  ^  0,  N, 


and  for  the  uper  bound  case 
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Removing  the  condition  on  Km we  finally  have 
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1  ~(1  v)n 
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For  the  case  n  =  N,  we  simply  have 
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where  Ym '  can  be  replaced  by  either  Tmin’  or  Tm,x'. 
When  n  =  0,  Pr{J„  <yj  =  Oand  (A.  12)  is  written  as 
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Io,Ym=y-y+  l_{l_aXy 


(A. 17) 


Removing  the  condition  on  Ym',  we  get  for  the  iower-bound 
case 
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ABSTRACT 

This  paper  presents  the  analysis  of  throughput  for  mul¬ 
tihop  packet  radio  networks  with  zero  propagation  delay, 
employing  any  of  a  number  of  channel  access  schemes.  The 
model  considered  is  Markovian  in  nature  and  is  an  exten¬ 
sion  of  that  used  by  R.  Boorstyn  and  A.  Kershenbaum  for 
CSMA.  The  protocols  examined  are  pure  ALOHA,  carrier 
sense  multiple  access  (CSMA),  busy  tone  multiple  access 
(BTMA),  and  code  division  multiple  access  (CDMA).  The 
general  model  is  presented,  and  its  underlying  assumptions 
are  outlined.  Simple  network  configurations  are  considered 
to  compare  the  performance  of  these  access  schemes,  and 
in  addition  a  discussion  of  numerical  methods  for  the  ap¬ 
plication  of  the  analysis  to  general  configurations  is  given. 

1.  INTRODUCTION 

Until  recently,  the  work  done  on  the  performance  of 
multiaccess  schemes  focused  mainly  on  the  single-hop  case, 
leading  to  a  good  understanding  of  the  behavior  of  one-hop 
networks.  Several  access  schemes  designed  specifically  for 
single-hop  networks  or  shown  to  perform  particularly  well 
in  single  hop  networks  may  suffer  severe  degradation  in  per¬ 
formance  in  the  multihop  environment.  One  such  example 
is  carrier  sense  multiple  access  (CSMA)  with  its  "hidden  ter¬ 
minal”  problem  [lj.  Several  schemes  have  been  proposed  for 
multihop  networks  in  view  of  providing  improved  perfor¬ 
mance,  but  no  analysis  has  yet  been  performed  to  evaluate 
these  schemes.  Recently,  a  model  has  been  developed  by 
Boorstyn  and  Kershenbaum  [2]  to  analyze  CSMA  in  a  mul¬ 
tihop  environment.  In  the  present  paper,  we  extend  the 
model  used  for  CSMA  to  evaluate  a  few  other  multiaccess 
schemes  and  compare  their  performance.  In  Section  2  we 
present  the  model  and  its  assumptions.  Then  in  Section 
3,  we  describe  the  access  schemes  considered  in  this  paper. 
The  details  of  the  analysis  arc  given  in  Section  4,  and  ap¬ 
plied  to  specific  examples  in  Section  5.  Finally,  in  Section 
6  we  discuss  some  computational  aspects  of  this  approach. 


•This  work  was  supported  in  part  by  the  Defense  Advanced  Research 
Projects  A-cney  under  contract  MDA003-79-C-0201,  order  AU3717, 
monitored  by  the  Office  of  Naval  Research.  Jose  Urixio  is  on  a  fel¬ 
lowship  from  the  Instituto  National  de  Invcsligacao  Cientifica,  Lisbon, 
Portugal. 


2.  GENERAL  MODEL 

We  consider  a  network  with  N  nodes,  numbered  1,  2, 
. ..,  N,  and  a  “hearing  matrix”  H  —  [hi,]  where 

1  if  j  can  hear  t 

0  otherwise 

and  hij  =  hj,.  As  in  [2],  we  define  N*( t)  to  be  the  set  of 
neighbors  of  t,  not  including  t,  and  N( t)  to  be  N*(t)(J(t}. 
Given  the  external  traffic  requirements  and  a  static  routing 
function,  we  can  compute  the  rate  of  the  messages  to  be 
successfully  transmitted  between  any  pair  of  neighbors.  We 
denote  by  S,y  the  throughput  from  *  to  j;  S,y  is  the  average 
number  of  messages  successfully  transmitted  by  node  t  to 
neighboring  node  j  during  the  average  duration  of  a  mes¬ 
sage  transmitted  by  i.  Each  message  may  have  to  be  trans¬ 
mitted  several  times  before  a  success  takes  place.  Wc  as¬ 
sume  the  message  lengths  to  be  exponentially  distributed 
with  mean  1/ji,  for  messages  transmitted  by  node  »,  and 
to  be  redrawn  independently  from  the  corresponding  dis¬ 
tribution  each  time  the  message  is  transmitted.  We  also 
assume  infinite  buffer  space  for  each  node,  instantaneous 
and  perfect  acknowledgements,  and  zero  propagation  and 
processing  delays. 

Typically  in  a  packet  radio  n.twork,  a  node  considers 
a  packet  in  its  queue  (if  any)  for  transmission  at  some 
scheduled  point  in  time.  Transmission  of  the  packet  may 
or  may  not  take  place  depending  on  the  protocol  in  use.  If 
transmission  is  inhibited  or  unsuccessful  (due  to  a  collision 
at  the  intended  neighbor)  then  the  packet  is  rescheduled  for 
a  later  time,  cho*en  according  to  a  random  rescheduling 
interval.  If  the  packet  is  transmitted  successfully,  then 
it  is  removed  from  the  queue  and  a  new  scheduling  point 
is  chosen,  at  which  time  another  packet  (if  any)  is  taken 
for  consideration.  In  this  study  wc  consider  the  process 
of  scheduling  points  for  messages  from  node  t  to  node  j 
to  be  Poisson  with  rate  Xl;,  and  independent  of  any  other 
scheduling  point  process  in  the  network.  Furthermore,  we 
assume  that  at  every  scheduling  point  there  is  a  message 
in  the  queue  for  consideration.  With  these  assumptions  the 
global  process  of  scheduling  points  for  node  i  is  also  Poisson 
with  rate  =  E,6N*(.)X0- 
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3.  DESCRIPTION 

OF  THE  CHANNEL  ACCESS  SCHEMES 

Among  the  many  multihop  access  schemes  which  can 
be  conceived  today  using  such  features  as  carrier  sensing, 
code  division,  etc.,  we  have  selected  a  few  for  considera¬ 
tion  in  this  paper,  which  lend  themselves  to  simple  solu¬ 
tions  (particularly  product  form  solutions).  Although  other 
schemes  can  be  handled  by  the  model  described  above,  the 
analysis  becomes  more  complex,  and  at  this  early  stage 
of  this  research,  we  restricted  ourselves  to  those  described 
below. 

The  access  schemes  define  the  conditions  under  which  a 
scheduling  point  results  in  a  transmission.  We  divide  them 
into  two  major  groups:  the  carrier  sense  type  schemes,  and 
the  ALOHA-typc  schemes.  In  addition,  we  define  capture 
as  the  ability  for  a  receiver  to  correctly  receive  a  packet 
despite  the  presence  of  other  time-overlapping  transmis¬ 
sions.  Perfect  capture  refers  to  the  ability  of  receiving  cor¬ 
rectly  the  first  message  to  reach  the  receiver  regardless  of 
the  number  of  future  overlapping  messages;  zero  capture 
refers  to  the  situation  where  any  overlap  in  transmission 
results  in  complete  destruction  of  all  overlapping  transmis¬ 
sions. 

A.  Carrier  Sense  Type  Schemes 

(a)  Carrier  Sense  Multiple  Access  (CSMA): 

A  node  always  senses  the  channel  before  transmission. 
A  scheduling  point  in  time  results  in  a  transmission  if  neither 
the  node  nor  any  of  its  neighbors  are  transmitting.  (This 
is  the  scheme  studied  in  [2j.)  As  discussed  in  the  follow¬ 
ing  section,  the  analysis  of  this  scheme  is  tractable  only  if 
we  assume  perfect  capture.  Note  that  with  zero  propaga¬ 
tion  delay,  as  soon  as  a  node  initiates  a  transmission,  all 
its  neighbors  are  inhibited.  The  neighbors  of  its  intended 
receiver  which  are  not  neighbors  of  the  transmitter,  and 
referred  to  as  the  hidden  nodes  with  respect  to  this  trans¬ 
mission,  are  not  inhibited  by  this  transmission,  and  may 
very  well  initiate  a  transmission  any  time  following  the 
start  of  the  one  in  question.  Due  to  the  perfect  capture  as¬ 
sumption,  these  later  transmissions  do  not  affect  the  correct 
reception  of  the  earlier  message  (provided  that  it  was  indeed 
the  first  to  reach  the  intended  receiver).  If  these  overlap¬ 
ping  transmissions  are  intended  to  neighbors  of  the  original 
transmitter  then  they  are  wasted  and,  in  such  a  situation, 
the  period  of  time  occupied  by  them  could  be  better  used 
for  receiving  packets  from  neighbors  which  are  not  already 
inhibited.  Moreover,  the  presence  of  these  “useless  trans¬ 
missions"  blocks  other  nodes  from  transmitting  because  of 
carrier  sensing,  nodes  which  could  have  originated  success¬ 
ful  transmissions  coexisting  with  the  original  one.  If  these 
additional  transmissions  are  intended  for  nodes  other  than 
neighbors  of  the  original  transmitter,  then  they  may  be 
successful  depending  on  the  situation  encountered  at  their 
intended  receiver.  Clearly,  if  zero  capture  is  in  effect,  then 
regardless  of  which  the  intended  receivers  of  the  additional 
transmissions  are,  their  presence  causes  destruction  of  the 
earlier  packet. 


(b)  Busy  Tone  Multiple  Access  (BTMA)  (1,  3]: 

With  the  help  of  a  busy  tone  transmitted  on  a  separate 

frequency  by  the  receiver,  one  can  guarantee  that  the  hid¬ 
den  nodes  are  inhibited  from  transmitting  by  sensing  the 
busy  tone.  Under  the  assumptions  of  zero  propagation 
delay  we  have  the  following  properties:  (i)  capture  effects 
are  of  no  relevance;  (ii)  as  compared  to  CSMA  with  zero- 
capture,  the  busy  tone  guarantees  correct  reception  of  the 
original  packet;  (iii)  as  compared  to  CSMA  with  perfect 
capture,  it  prevents  the  additional  overlapping  transmis¬ 
sions  and  the  associated  “wasted  time”  alluded  to  in  the 
previous  paragraph. 

Several  BTMA  schemes  exist  depending  on  which  nodes 
transmit  the  busy  tone  [3).  In  the  conservative  BTMA 
scheme  (C-BTMA),  any  node  which  senses  carrier  emits  a 
busy  tone.  Thus,  if  node  A  transmits  a  packet  to  node  B, 
B  and  all  other  neighbors  of  A  transmit  the  busy  tone  and 
block  all  nodes  in  a  region  within  twice  the  hearing  radius 
from  node  A.  In  the  so-called  Ideal  BTMA  (I-BTMA)  only 
node  B  transmits  the  busy  tone  blocking  only  its  neighbors. 
(Clearly  this  requires  a  node  to  know  a  priori  that  it  is  the 
intended  receiver,  and  may  not  be  easily  implementable.) 
A  more  realistic  scheme  is  to  use  C-BTMA  (or  no  busy 
tone  at  all)  during  the  reception  of  the  header  portion  of 
a  message,  which  allows  to  decode  the  intended  receiver’s 
address,  followed  by  I-BTMA  during  the  remainder  of  the 
message  transmission.  In  the  following  analysis,  only  C- 
BTMA  will  be  considered. 

(c)  A  Directional  CSMA*  (D-CSMA): 

It  is  assumed  here  that  a  node  wishing  to  transmit 
a  packet  knows  the  state  (busy  transmitting,  or  idle  not 
transmitting)  of  the  intended  receiver.  The  transmission 
takes  place  if  the  node  itself  is  neither  transmitting  nor 
receiving  a  packet  intended  for  it  and  the  intended  receiver 
is  not  already  transmitting. 

The  implementation  of  such  a  scheme  may  be  pos¬ 
sible  if  the  carrier  sensing  operation  is  made  function  of 
individual  nodes,  such  as  for  example  by  directional  carrier 
sensing,  or  via  the  use  of  a  uniquely  coded  “busy  tone” 
transmitted  by  a  node  which  is  busy  transmitting. 

B.  ALOHA-Type  Schemes 

In  this  type  of  schemes,  a  node  does  not  sense  the 
channel  before  transmitting.  Two  protocols  are  considered 
for  analysis  here: 

(a)  Pure  ALOHA: 

A  node  is  allowed  to  transmit  if  and  only  if  it  is  not 
already  transmitting.  This  implies  that  if  the  node  is  busy 
receiving  (either  a  valid  packet  or  just  carrier)  then  it  aborts 

•For  comparative  purpose*,  and  to  isolate  the  various  elementary 
effects  on  the  overall  performance,  we  considered  some  hypothetical 
situations  which  may  not  necessarily  correspond  to  realistic  implemen¬ 
tations.  However,  one  constraint  in  the  selection  of  these  situations  is 
again  the  fact  that  they  should  lend  themselves  to  a  tractable  solution. 


that  operation  and  initiates  transmission  of  the  packet.  For 
pure  ALOHA  both  perfect  capture  and  zero  capture  can  be 
accommodated  by  the  model. 

(b)  CDMA- ALOHA: 

In  addition  to  the  above  rules,  it  is  considered  here 
that  a  code  division  scheme  (CDMA)  is  used  whereby  each 
node  is  assigned  a  unique  code  for  reception.  Nodes  wish¬ 
ing  to  transmit  to  a  particular  intended  node  must  use  the 
code  assigned  to  that  node.  Given  the  operation  of  CDMA, 
perfect  capture  can  be  assumed.  (This  is  the  case  since 
whenever  a  receiver  locks  on  to  a  particular  packet,  then 
all  future  overlapping  transmissions  can  be  ignored;  clearly 
this  requires  that  the  preamble  of  the  first  packet,  or  a  por¬ 
tion  of  it,  be  received  free  of  collision;  but  we  ignore  this 
effect  here.)  However,  we  are  making  here  the  pessimis¬ 
tic  assumption  that  an  ongoing  reception  is  aborted  if  a 
scheduling  point  for  transmission  is  encountered  (hence  the 
name  CDMA-ALOHA). 

Moreover,  given  the  operation  of  CDMA,  a  node  which 
has  completed  the  reception  of  a  packet  onto  which  its 
receiver  was  locked  is  ready  to  receive  another  packet,  regard¬ 
less  of  the  state  of  the  channel,  i.e.,  despite  the  presence  of 
other  transmissions,  with  the  same  code,  but  onto  which 
the  receiver  is  not  already  locked.  However,  for  tractability 
of  analysis  at  the  present  stage  of  this  research,  we  make 
the  second  pessimistic  assumption  that  the  receiver  cannot 
lock  onto  a  new  packet  until  it  has  encountered  an  idle 
period.  Such  assumptions  are  definitely  restrictive,  and  the 
results  obtained  under  them  are  certainly  not  a  good  rep¬ 
resentation  of  the  performance  of  CDMA  schemes. 


P(D)  =  {t  such  that  t  €  M,i  0  D,D(J{»}  6  S 


that  is,  P(D)  is  the  set  of  nodes  which  are  not  blocked  wnen 
the  state  of  the  system  is  D.  We  note  that  for  any  j  £  D 
we  have  D  —  {;'}€  S  and  j  £  P(D  —  {]})■ 


Fig.  1.  A  4-node  chain. 


B.  The  Markov  Chain 

Given  that  X[t)  —  D  £  S,  and  due  to  the  assumptions 
of  exponential  message  lengths  and  Poisson  nature  of  the 
scheduling  point  process,  the  state  at  time  t  4-  At  is  given 
by 


X(t+At) 


i  e  P(D), 

with  probability  X,At  +  o(At) 

D  -  {/}, 

J  GD, 

with  probability  pyAt  4-  o(At) 

D, 

with  probability 

1  -  (X,  4-  Pj)At  +  o{ At) 

Thus  X(t)  is  a  continuous  time  Markov  chain.  Letting 
Q[D)  denote  the  steady  state  probability  of  state  D,  the 
following  balance  equations  hold: 


4.  ANALYSIS 


A.  The  State  Space 

It  can  be  seen  from  the  above  description  of  the  schemes 
under  consideration  that  with  the  exception  of  D-CSMA,  in 
defining  a  state  description  for  the  system  we  only  need  to 
take  into  account  the  transmit  status  of  each  node,  which 
can  be  busy  transmitting  or  idle  not  transmitting.  Indeed, 
in  the  ALOHA  schemes,  the  receive  status  of  a  node  is  com¬ 
pletely  ignored,  while  in  the  CSMA  schemes  (other  than  D- 
CSMA)  it  is  implied  from  the  transmit  status  of  the  neigh¬ 
bors. 

We  define  the  state  of  the  system  at  time  t,  X{t),  to 
be  the  set  of  nodes  busy  transmitting  at  that  time.  Since, 
depending  on  the  particular  protocol,  not  all  subsets  of 
nodes  may  be  busy  transmitting  simultaneously,  the  state 
space  S  is  function  of  the  protocol.  For  example,  in  a  4- 
node  chain  as  shown  in  Fig.  1,  the  state  space  S  for  the 
various  schemes  is: 

CSMA:  5  =  {0,(1},  {2},  (3),  {4},  (1,3),  {1,4},  (2, 4}} 

C-BTMA:  S  =  {*,  {1},  {2},  {3},  {4},  {1, 4» 

pure  and  CDMA-ALOHA:  S  =  power  set  of  (l,  2,  3, 4} 

Let  ^  4  { 1,2 . /V},  a  ni  D  6  S.  We  define 


Q(D)  5>,+  E 
*€D  .eP<£>) 

=  E  J0'» +  Ex*w 

yeP(D)  <€0 

for  all  D  €  S. 

It  is  easy  to  check  that  the  expression 


Hi 


satisfies  the  balance  equation  and  is  therefore  the  solution. 
The  constant  (J0  is  the  normalization  factor,  given  by 


and  equals  the  probability  of  finding  all  the  nodes  idle. 


Reversibility 

A  Markov  chain  is  reversible  [4]  if  (X(t(), X(t2) . 

X(tn))  has  the  same  distribution  as  (X(t— f  | ),  JT(r— t2), . . . , 

X(t  -  t„))  for  all  real  t|,  t2 . t»,  r.  (X(  )  is  assumed 

to  be  defined  from  —  oo  to  4-oo.)  This  is  equivalent  to  the 
condition  that,  for  any  finite  sequence  of  states  D i ,  D2, 
Dne$, 

q{Di,  D2)q(D2l  D$y  ■  -q(Dn,  I?i) 

=  q{D\.,  Dn)q{Dn,  Dn-\)-  •  Di)q{Di,  D\) 

where  q(i,j )  is  the  .rate  of  transitions  from  t  to  j .  An 
equivalent  condition  for  reversibility  is  the  existence  of  a 
stationary  distribution  Q(D )  such  that 

Q(Dt)  q{Du  D2)  =  Q(D2)  ■  q(D2,Dt) 
for  all  DltD2eS- 


C-BTMA: 


=  Pr{no  nodes  within  2  hops  of  *  busy  transmitting} 
Go- 

Example:  Consider  again  the  4-  node  chain  of  Figure 
1.  Given  the  state  space  as  defined  above,  we  can  write  the 
following  equations: 

CSMA  [2]: 

Qq  =  [l  4-  Ci  -4-  G2  4-  C3  4-  C4  4"  Gi  G3  4-  C 1 C \  4-  G2Cm|  1 


— —  =  — —  =  Pr{l,2,  and  3  not  busy  transmitting} 
G 12  C21 

—  (1  +  G^)  Q0 


This  last  characterization  implies  that  the  steady  state  dis¬ 
tribution  has  a  very  simple  product  form,  as  illustrated 
in  the  previous  paragraph.  In  this  paper  we  selected  for 
analysis  only  schemes  whose  Markov  chains  are  reversible, 
having  used  the  two  above  results  to  check  for  reversibility 
and  to  derive  the  steady-state  distributions. 

C.  The  Throughput  Equations 

Given  that  the  link  traffic  is  Poisson  with  rate  Xy  for 
the  link  from  t  to  /,  each  scheduling  point  is  a  random  look 

in  time.  If  we  define  Gy  =  ~ ,  then  the  ratio  Sy/Gy  is 
merely  the  probability  that  a  scheduling  point  from  node  i 
results  in  a  successful  transmission.  Thus  for  nodes  t  and 
j  such  that  h,ij  =  1  we  can  write 


£y 

Gy 


=  Pr{scheduling  point  from  node  t 
results  in  a  transmission  and  the 


transmission  is  successful  at  /}. 


Note  also  that 

Gi  =  ^2  Gij. 

Given  a  protocol  and  the  steady-state  solution  for  its  Markov 
chain,  we  can  evaluate  the  above  probability  in  a  straightfor¬ 
ward  manner. 

(a)  CSMA  and  C-BTMA: 

CSMA: 

In  the  remainder  of  this  paper,  we  assume  CSMA  to 
have  the  perfect  capture  property.  Then 


Sy 

Gy 


—  Pr{no  nodes  in  N(i)  or  N[j)  busy  transmitting} 


Soy  5*32 

— —  =  — —  =  Pr{l,2,  3,  and  4  not  busy  transmitting} 
G23  G32 

=  Qo 


•$>34  S43 

— —  =  — —  =  Pr{2, 3,  and  4  not  busy  transmitting} 
G34  G43 

=  (1  +  Gi)Qo 

C-BTMA: 

Qo  =  [l  +  G 1  4-  G2  4-  Gj  +  G\  4-  G1G4]  1 


— —  =  Pr{l,2,  and  3  not  busy  transmitting} 
G12 

=  (1  4-  G^jQo 


S2\  _  S23  S02  Sp\ 

G2i  G23  G32  G  34 

=  Pr{l,2, 3, and  4  not  busy  transmitting} 

=  <2o 


=  Pr{2,3,  and  4  not  busy  transmitting} 

Gij 

=  (1  4-  Ci)Qo 


If  in  addition  we  specify  a  traffic  pattern,  then  we  can 
reduce  the  above  expressions  and  write  them  in  terms  of 
only  one  independent  variable  Gy.  For  example,  requiring 
the  link  throughput  pattern  to  be  uniform,  i.e., 

5(2  =  S2|  =  S23  =  S32  —  S34  =  S43  =  S 


4 


and  taking  G t  as  the  independent  variable,  we  get 
CSMA:  5  =  ,+5G°V,c r  with  =  0.128 

C-BTMA:  S  =  J  [l  -  with  5m„  =  0.2 

In  Figure  2,  wc  plot  S  versus  G\  for  the  above  examples. 


0  1.0  2.0  3.0  4.0 

Rescheduling  rate 


Fig.  2.  S  vs.  G|  for  CSMA,  D-CSMA,  and  C- 
BTMA  for  a  4-node  chain. 


The  probability  of  success  is  given  by: 

Pure  ALOHA  with  zero  capture: 

5-  ■ 

=  Pr{t',/  and  N*{j)  not  busy  transmitting, 
t»»y 

and  no  node  in  N(j)  transmits  during 
the  entire  transmission  from  t  to  j} 


-  n  (nk)  n 

kCNIll  ICJVfV 


Pure  ALOHA  with  perfect  capture: 

5. . 

—  Pr{N(j)  not  busy  transmitting,  and  j  does  not 

0  ij 

start  a  transmission  during  t’s  transmission  to  it} 


CDMA- ALOHA: 

Noting  that 

Pr{fc  is  transmitting  a  packet  to  j} 

=  Pr{fc  is  busy  transmitting} 

■  Pr{fc  is  transmitting  to  ;  |  k  is  busy  transmitting} 
_  Gk  Gkj  _  Gkj 

1 -M7*  Gk  1  +  Gk ' 

we  have  that 

S .  ■ 

=  Pr{t,j  not  busy  transmitting,/  does  not  start 

G%i 

a  transmission  during  t’s  transmission  to  it, 
no  other  neighbor  of  j  busy  transmitting  to  /} 


1  +  C.  1  +  Gj  1  +  ^C  fc6M(y) 


1  +  Gk 


(b)  ALOHA-Type  Schemes: 

Here  S  =  2M ,  and  all  nodes  act  independently.  For 
every  node  t,  we  simply  have 


Pr{t  not  busy  transmitting}  = 


Thus  Q(D)  is  given  by 


1  +  Gi 


w,-n(r^)n(r^-) 


For  the  throughput  we  also  need  the  probability  of  node 
j  not  starting  a  transmission  during  node  t’s  transmission, 


D.  Extension  of  the  Model  to  D-CSMA 

In  order  to  handle  D-CSMA,  the  state  of  a  node  (busy 
transmitting  or  idle  not  transmitting)  is  not  sufficient,  and 
must  be  augmented  to  include  the  intended  destination.  If 
wc  denote  by  (t,  j)  a  transmission  from  node  t  to  node  j, 
the  state  of  the  system  at  time  £  becomes  the  set  of  ongoing 
link  transmissions  at  time  £.  With  such  a  system  state 
definition,  we  again  obtain  a  continuous  time  Markov  chain 
with  steady-state  probabilities  of  the  form 

Q{D)=  n  Ga 
U.i)eo 


given  that  j  is  not  transmitting  when  i  starts  transmitting. 
This  probability  is  just 


(.  +  So/f. 

Qo  = 

E 

f  n 

\  Pi  J 

DCS 

[(i.y)eo  J 

5 


where  D  €  S  is  a  set  of  allowable  simultaneous  link  trans¬ 
mission*. 

Example:  For  the  4-node  chain  with  uniform  link 
throughput  pattern,  we  get  the  following  equations: 

Qo  a*  [1  +  G12  +  Cji  +  G23  +  G32  +  G34 

+  C43  +  G12G32  +  G12G34  +  G12C43 
+  G21C34  +  G21G43  +  G23G43]  1 

=  [G  +  Gj  +  G2  +  G3  +  G\  +  C1G3 

+  G1G4  +  G2G4  +  GaiG34j  1 

and 

5  =  G' 

1  +  4G 1  4-  2Gf 

leading  to  a  maximum  throughput  of  5m»x  =  0.146.  S 
versus  G 1  is  plotted  in  Figure  2. 

E.  Model  Limitations 

A  number  of  other  schemes  of  interest  for  multihop 
packet  radio  networks  do  not  lend  themselves  to  a  reversible 
Markov  chain,  and  thus  do  not  lead  to  a  simple  product 
form  solution.  This  was  observed  to  be  the  case  for  example 
in  the  ALOHA  schemes  if  a  node  is  inhibited  from  initiating 
a  transmission  if  it  is  receiving  a  packet  (and  thus  requiring 
the  state  of  a  node  to  be  one  of  three  possibilities:  either 
transmitting  or  receiving  or  idle).  This  was  also  the  case  for 
I-BTMA  where  only  the  intended  receiving  node  transmits 
a  busy  tone.  The  solution  for  such  Markov  chains  require 
different  numerical  methods  than  those  discussed  in  this 
paper  and  is  the  subject  of  an  ongoing  investigation. 

5.  APPLICATIONS 

We  have  already  discussed  in  the  previous  sections  the 
example  of  a  4-node  chain.  In  this  section  we  examine  a  few 
other  simple  configurations  to  compare  the  performance  of 
the  access  schemes.  In  all  cases  we  assume  the  mean  packet 
length  to  be  the  same  for  all  nodes  in  the  network. 

First  we  consider  a  two-node  network.  This  is  a  fully 
connected  network,  for  which  all  CSMA-type  schemes 
achieve  full  utilisation  in  the  case  of  zero  propagation  delay. 
Also  in  this  simple  case  all  ALOHA-type  schemes  perform 
identically,  for  both  the  cases  of  zero  capture  and  perfect 
capture.  Figure  3  shows,  on  the  (Si.S-z)  plane,  the  hounds 
of  the  feasible  regions  for  these  schemes.  Also  included, 
for  reference  purposes,  is  the  curve  =  1,  cor¬ 

responding  to  slotted  ALOHA  (5j. 

The  second  configuration  we  consider,  shown  in  Figure 
4  and  for  which  we  will  be  especially  interested  in  com¬ 
paring  the  performance  of  CSMA  and  C-BTMA,  consists 
of  a  fully  connected  network  of  N  nodes  (1  through  N), 
plus  an  additional  node  (numbered  0)  connected  only  to 
node  I.  For  this  network  we  could  expect  CSMA  to  per¬ 
form  better  than  C-BTMA.  Indeed,  with  C-BTMA,  only 
one  transmission  in  the  entire  network  can  take  place.  With 
CSMA,  it  is  always  possible  to  have  one  node  in  the  set 
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Fig.  3.  Feasible  regions  for  a  2-node  chain. 

{2, 3, . . . ,  N}  transmit  simultaneously  with  node  0.  If  such 
a  transmission  is  destined  to  node  1,  then  either  this  trans¬ 
mission  or  node  0’s  transmission  is  wasted  but  not  both 
(due  to  the  perfect  capture  assumption  in  CSMA).  If  such 
a  transmission  is  destined  to  some  node  other  than  node 
I,  then  it  is  conceivable  to  have  two  simultaneous  suc¬ 
cessful  transmissions.  However,  using  the  analytical  ap¬ 
proach,  our  expectations  do  not  come  true.  If  we  define  the 
traffic  pattern  by  a  collection  of  numbers  {ar,>}  such  that 

Sail  pairs  of  neighbors  aH  =  1  and  SH  =  aHS  for  some 
S  >  0,  and  determine  the  maximum  S,  we  find  that  for 
C-BTMA  we  have  Snl»,  —  1,  but  that  for  CSMA  we  get 
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Fig.  4.  An  “almost  fully  connected”  network. 
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The  performances  of  CSMA  and  C-BTMA  are  equal  when 
either  aoi  =  0  or  at  =0.  Otherwise,  C-BTMA  always 
performs  better  than  CSMA;  this  is  due  to  the  time  wasted 
in  useless  transmissions  alluded  to  in  Section  3.  It  is  inter¬ 
esting  to  sec  that  when  a\  =  0  the  transmissions  by  nodes 
I,  2,  N  are  always  successful,  but  the  transmissions 
by  node  0  may  have  to  be  repeated  because  of  a  transmis¬ 
sion  by  some  node  j,  2  <  j  <  N,  in  progress  when  the 
transmission  by  node  0  starts.  The  useless  transmissions  of 
0  hare  no  effect  on  the  throughput  of  the  rest  of  the  net¬ 
work,  and  so  we  do  not  have  the  decrease  in  performance 

that  occurs  when,  for  some  j  =  2 . N,  a,-t  >0.  At  the 

maximum  S  and  as  oi  — ♦  0,  both  Gq  and  G\  go  to  infinity, 
but  G<i,...,Gn  remain  finite,  so  that  node  0  can  blindly 
try  to  “sneak  in"  the  start  of  a  transmission  between  the 

transmissions  of  2 . N  (sort  of  keeping  “shooting  in  the 

dark”),  achieving  Smmx  =  1.  Thus  the  golden  rule  seems  to 
be  “say  it  once  and  for  all”,  which  can  be  achieved  with  the 
help  of  the  busy  tone.  As  a  numerical  example,  we  consider 
the  case  of  a  uniform  traffic  pattern 

“oi  =  “io  =  “»>  =  (N2  —  N  +  2)~l, 

*i J  €  {1,2 . N},iyLj. 
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Fig.  8.  S,nal  vsi.  /V  for  the  “almost  fully  con¬ 
nected”  network. 


In  Figure  5  we  plot  Smax  versus  N  for  both  CSMA  and 
C-BTMA.  As  N  increases  the  effects  discussed  above  be¬ 
come  insignificant,  and  CSMA  and  C-DTMA  converge  in 
performance. 

Next  we  consider  a  ring  of  N  nodes  (N  >  3),  as 
in  Figure  6,  in  which  all  nodes  behave  identically,  i.e., 
1 J  mod  N  —  <xS,  S(i+l)  mod  N,i  =  (l  _  a)  S,  t  =  1 ,  .  .  .  , 
Af ,  0  <  a  <  1.  For  all  protocols  but  CDMA-ALOILA 
the  maximum  value  of  S  is  independent  of  a.  For  CDMA- 
ALOHA,  we  show  in  Figure  7  the  maximum  value  of  S  as  a 
function  of  a.  This  value  docs  not  depend  on  the  number  of 
nodes  in  the  ring.  We  sec  that  the  maximum  S  occurs  for 
cither  a  =  0  or  a  =  1,  thus  suggesting  that  a  unidirec¬ 
tional  ring  would  perform  better  under  CDMA- ALOHA 
than  a  bidirectional  ring.  However,  and  depending  on  the 
exogenous  traffic  pattern,  it  may  happen  that  the  increase 
in  throughput  for  the  unidirectional  ring  does  not  compen¬ 
sate  for  the  increase  in  the  average  path  length.  For  an  ex¬ 
ample  of  the  relative  performance  of  the  different  schemes 
on  rings  of  various  sizes  we  consider  the  case  a  =  1/2,  cor¬ 
responding  to  all  link  throughputs  being  equal.  This  can  be 
obtained,  in  particular  in  the  following  ways:  (i)  if  source 
destination  pairs  are  neighboring  nodes  and  their  traffic 
requirement  is  uniform,  and  (ii)  if  all  pairs  of  nodes  are 
source-destinations  with  equal  end-to-end  throughput  re¬ 
quirements,  and  the  routing  procedure  is  one  which  balances 
the  link  traffic.  Figure  8  shows  the  maximum  link  through¬ 
put  S|„*x/2  as  a  function  of  N  for  all  schemes  described. 
This  is  also  the  maximum  end-to-eud  throughput  for  each 
source-destination  pair  in  case  (i).  Figure  9  shows  the  sum 
of  all  end-to-end  throughputs  in  case  (ii). 


Fig.  6.  A  ring  with  N  nodes. 

As  expected,  under  the  ALOHA  protocols  the  through¬ 
put  is  independent  of  the  number  of  nodes.  Under  CSMA 
there  is  a  different  behavior  for  rings  with  even  and  odd 
number  of  elements:  the  throughput  for  rings  with  an  odd 
number  of  nodes  decreases  as  the  number  of  nodes  increases, 
and  is  always  higher  than  the  throughput  for  rings  with 
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Fig.  7.  Smax  vs.  a  for  a  ring  under  CDMA- 
ALOHA. 


an  even  number  of  nodes.  For  rings  with  an  even  number 
of  nodes  the  throughput  increases  as  the  number  of  nodes 
increases.  For  C-BTMA  the  throughput  exhibits  a  quasi- 
periodicity  of  period  3.  All  rings  with  a  number  of  nodes 
which  is  multiple  of  3  have  a  maximum  throughput  per  link 
of  1/6,  obtained  when  all  Gi  oo,  and  corresponding  to 
the  situation  when  one  in  every  three  nodes  is  transmitting, 
and  the  intermediate  nodes  arc  blocked. 

Finally,  we  consider  other  regular  topologies  than  the 
ring,  with  higher  degrees  of  connectivity.  These  consist 
of  the  five  regular  polyhedra  (listed  in  Table  1)  with  the 
vertices  representing  the  nodes  and  the  edges  representing 
the  links.  In  Table  1  we  give  the  maximum  throughput  per 
node  for  each  of  these  topologies  under  a  uniform  traffic 
pattern. 

Table  1 


m 

gj 

CDMA 

ALOUAi 

Tttratodroa 

4 

3 

EZ3I 

.0819 

TTT1 

.3500 

.2500 

Cato 

• 

3 

cm 

.0819 

HI  >1 

Mil 

.2500 

OtuMraa 

4 

4 

cm 

0670 

arm 

wrai 

it 1  >■ 

30 

3 

0819 

aym 

iim 

Icwatodrafi 

ii 

$ 

0567 

arm 

Fra 

H!H 

As  expected,  the  throughput  for  the  ALOlIA-type 
schemes  decreases  as  the  number  of  neighbors  increases. 
The  throughput  of  C-BTMA  is  just  the  ratio  of  the  maxi¬ 
mum  number  of  possible  simultaneous  transmissions  to  the 
number  of  nodes  in  the  network.  It  is  interesting  to  see  that 
CDMA-ALOHA  performs  consistently  better  than  CSMA 
in  all  but  the  first  case  (a  fully  connected  network,  for 
which  the  hidden  terminal  problem  does  not  exist),  in  spite 
of  the  pessimistic  assumptions  made  in  its  analysis.  This 
result  suggests  that  CDMA-ALOHA  might  be  preferable 
over  CSMA  in  environments  where  each  node  has  a  large 
number  of  neighbors  and  the  number  of  hidden  terminals 
is  high.  Consistently  with  the  previous  examples,  the  best 
performing  scheme  was  C-BTMA. 


6.  COMPUTATIONAL  ASPECTS 
In  general,  given  an  internal  throughput  matrix  S  = 
(S,,|,  it  is  difficult  to  solve  analytically  for  the  G,/ s  attain¬ 
ing  S,  if  they  exist,  in  order  to  determine  the  maximum 
throughput.  This  entails  the  solution  of  systems  of  non¬ 
linear  equations  of  the  form 
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*,/  B  hij  =  1 
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and  where  P,y  and  A  are  polynomials  in  the  G<’s.  A  numeri¬ 
cal  scheme  for  solution,  for  which  we  do  not  have  proof  of 
convergence  but  which  has  never  failed  to  converge  in  all 
cases  we  have  seen  so  far,  is  given  by  the  following  recur¬ 
sions  as  described  in  [l] 


A(C(*),...,C(*>) 


*'.J  B  hij  —  1 


i  =  l,...,N 

J  =  l 


with  the  initial  conditions  G j-y®  =  S,y.  It  is  believed  that 
this  algorithm  will  converge  if  S  is  feasible  and  diverge 
otherwise.  One  of  the  most  serious  limitation  of  this  numeri¬ 
cal  method,  however,  (and  also  of  the  analytical  solution) 
is  the  combinatorial  explosion  as  the  number  of  nodes  in¬ 
creases,  from  which  polynomials  with  a  very  large  number 
of  terms  result. 
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ABSTRACT 

The  focus  of  this  paper  is  on  the  throughput  analysis  of  mu  1 1  i  hop  packet  radio  networks.  Two  major 
contributions  are  presented.  First,  the  technique  introduced  by  lioorstyn  and  Kcntlienbaum  for  networks 
operating  under  nonpersistent  CSMA  with  perfect  capture  and  tcro  propagation  delay,  and  later  applied  by 
the  authors  to  other  access  schemes,  is  justiGcd  on  theoretical  grounds.  Secondly,  new  results  are  presented 
consisting  of  the  following:  (i)  a  characterisation  of  access  protocols  which  lead  to  a  product  form  solution, 
(ii)  general  throughput  expressions  independent  of  capture  assumptions,  and  (iii)  the  analytical  solution  of 
the  throughput  equations  for  the  case  of  tcro  capture. 

1.  INTRODUCTION  2.  GENERAL  MODEL 


Packet  radio  networks  have  for  a  long  time  been 
studied  for  their  operational  properties  and  potential  for 
computer  communications  [1,2].  A  number  of  papers 
have  appeared  in  the  literature  dealing  with  the  analysis 
of  such  systems  [3,4,5, 12|.  However,  only  recently  have 
there  been  significant  advances  in  the  development  of 
analytical  techniques  for  the  evaluation  of  the  perfor¬ 
mance  of  packet  radio  networks  with  a  multihop  nature. 
The  difficulty  in  analysis  has  been  mainly  due  to  the  fact 
that  the  access  protocols  introduce  dependencies  between 
the  activity  of  different  nodes.  This  is  particularly  true 
when  delay  results  are  desired,  since  the  situation  we 
then  face  is  that  of  a  network  of  queues  where  the  ser¬ 
vice  time  at  each  server  depends  on  the  global  state  of 
the  system  ([t>H8])-  When  only  throughput  results  are 
desired,  a  Markovian  model  can  be  deGncd  leading  to  an 
analytical  product  form  solution  applicable  to  a  number 
of  access  protocols  operating  under  perfect  capture  ([9]- 
(11|).  In  particular,  in  (9|  and  [11]  this  technique  is  intro¬ 
duced  and  applied  to  the  nonpersistent  CSMA  protocol. 
In  [10]  other  protocols  are  considered.  In  [10]  it  is  also 
stated  that  not  all  protocols  can  be  analysed  by  this  tech¬ 
nique,  however  no  characterisation  is  given  for  those  that 
can.  Moreover,  the  analysis  presented  in  these  papers 
accommodates  exclusively  perfect  capture  operation  in 
the  context  of  sera  propagation  and  processing  delays. 
No  analytical  solution  exists  allowing  us  to  deal  with  the 
cases  of  sero  and  partial  capture  or  nonsero  delays.  In 
the  present  study,  some  of  these  issues  are  addressed. 
In  particular,  the  material  presented  in  [10]  is  extended 
to  include:  (i)  a  more  precise  formulation  of  the  analyti¬ 
cal  technique,  (ii)  a  characterisation  of  the  protocols  for 
which  the  technique  is  applicable,  and  (iii)  the  solution 
for  the  non -perfect  capture  case.  The  formulation  of  a 
model  for  the  case  of  nonsero  propagation  delay  will  be 
treated  in  a  forthcoming  paper. 

In  Section  2  we  present  the  general  model  and  its  as¬ 
sumptions.  in  Section  3  we  formulate  the  Markov  chain 
describing  the  system,  present  conditions  for  the  exis¬ 
tence  of  a  product  form  solution,  and  characterise  the 
protocols  that  lead  to  the  product  form  solution.  Finally, 
in  Section  4  we  give  a  general  expression  for  the  through¬ 
put,  and  then  particularise  it  for  the  eases  of  sero  and 
perfect  capture. 


‘This  work  was  supported  in  part  by  the  Defense  Ad¬ 
vanced  Research  Projects  Agency  under  contract  MDA 
9Q3-79-C-02U1,  order  A03717,  monitored  by  the  Office 
of  Naval  Research.  Jos£  Briiio  is  on  a  fellowship  from 
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Portugal. 


We  consider  a  network  with  N  nodes,  numbered  1,  2, 
. . . ,  N,  and  whose  topology  is  given  by  a  hearing  matrix 
H  =  [X,y],  where 

i  =  1 1  if  j  can  hear  * 

^  [0  otherwise 


Thus  each  nonsero  entry  A,-y  in  the  hearing  matrix  cor¬ 
responds  to  a  directed  radio  link  in  the  network  from 
node  i  to  node  /,  and  vice-versa.  We  call  node  t  the  source 
and  node  j  the  destination  for  that  particular  link.  Due 
to  the  broadcast  nature  of  the  channel,  a  message  sent 
over  a  given  link  will  reach  nodes  other  than  its  intended 
receiver,  eventually  colliding  with  messages  destined  to 
these  nodes.  The  traffic  requirements  for  each  link  are 
assumed  to  be  dictated  by  the  end-to-end  traffic  require¬ 
ments  together  with  a  static  routing  function.  It  may 
happen  that  for  some  links  the  required  traffic  is  sero. 
We  refer  to  these  links  as  unused  links,  and  all  other  links 
as  used  links.  We  say  that  a  used  link  is  active  whenever 
a  transmission  is  taking  place  over  that  link,  i.e.,  when¬ 
ever  the  source  node  is  transmitting  a  message  intended 
to  the  destination  node  on  that  link.  The  activity  of  the 
links  of  the  network  is  conditioned  by  the  access  protocol 
in  use.  An  access  protocol  is  a  set  of  rules  which,  given 
the  current  set  of  active  links  in  the  network,  determines 
whether  or  not  a  given  inactive  link  can  become  active. 
Throughout  the  paper  we  consider  all  used  links  to  be 

numbered  1,2, ..., L,  and  we  let  L  ^  (1,2, ..., L}.  For 
link  »,  t  €  L,  we  denote  by  s,-  its  source  node,  and  by  d,- 
its  destination  node.  Alternatively  we  represent  link  i  by 
the  ordered  pair  (s,-,  d,). 

Since  the  entire  packet  radio  network  operates  using 
a  single  radio  frequency,  each  node  in  the  network  has 
one  transmitter,  but  can  in  general  have  more  than  one 
outgoing  link.  We  consider  that  each  outgoing  link  at 
a  node  has  a  separate  queue  for  the  packets  to  be  trans¬ 
mitted  on  it  and  that  the  transmitter  is  shared  among 
all  queues  at  that  node.  To  avoid  repeated  interference 
between  transmissions  in  the  network,  transmission  re¬ 
quests  for  the  various  queues  at  a  node  are  scheduled 
according  to  random  point  processes,  one  for  each  queue. 
In  this  study,  we  consider  the  point  process  for  link 
s  €  L,  to  be  Poisson  with  rale  X,-  (Xt-  >  0),  independent 
of  all  other  such  processes  in  the  network. 

Consider  a  point  in  lime  defined  by  the  point  process 
for  some  link  t.  If  the  queue  is  empty,  this  scheduling 
point  is  ignored.  If  the  queue  is  nonempty  then  a  packet 
in  the  queue  is  considered  for  transmission.  The  trans¬ 
mission  may  or  may  not  take  place  depending  on  the 
status  of  the  transmitter  at  the  source  node  (busy  or 


idle),  the  priority  atructure  (if  any)  among  the  queue*  at 
tlie  source  node,  tlie  channel  access  protocol  in  use,  and 
the  current  activity  on  the  network.  If  the  transmission 
is  inhibited,  or  if  the  transmission  is  undertaken  but  un¬ 
successfully  (due  to  a  collision  at  tlie  intended  destina¬ 
tion  or  to  a  preemption  by  another  transmission  at  the 
source),  then  the  packet  in  question  (or  any  other  packet 
in  the  queue,  for  that  matter)  is  reconsidered  at  the  next 
point  in  time.  Otherwise  (i-c.,  the  transmission  is  suc¬ 
cessful),  the  packet  is  removed  from  the  queue,  and  the 
same  process  is  repeated  at  the  next  scheduling  point  for 
that  link. 

It  is  assumed  in  this  study  that  at  each  schedul¬ 
ing  point  of  the  point  process  there  is  a  packet  in  the 
queue  for  consideration.  It  is  also  assumed  that  neither 
preemption  nor  priority  functions  are  supported  at  the 
nodes.  In  addition,  we  assume  the  transmission  time  of 
the  messages  transmitted  over  link  i  to  be  exponentially 
distributed  with  mean  1/p,-  (p;  >  0),  and  to  be  redrawn 
independently  from  this  distribution  each  time  the  mes¬ 
sage  is  transmitted.  We  also  assume  infinite  buffer  space 
for  each  link,  and  instantaneous  and  perfect  acknowl¬ 
edgments,  providing  immediate  feedback  regarding  the 
success  or  failure  of  each  transmission. 

Let  X(t)  denote  the  set  of  all  active  links  at  time 
t.  Given  that  the  period  of  time  that  a  link  remains  ac¬ 
tive  is  exponential,  and  given  that  the  scheduling  point 
processes  which  determine  the  points  in  time  at  which 
links  can  become  active  (as  determined  by  the  access 
protocol)  are  Poisson,  X(l)  is  a  continuous  time  Markov 
chain.  The  precise  formulation  of  the  Markov  chain  varies 
with  the  access  protocol  in  use  and  is  given  in  the  follow¬ 
ing  section.  Also  given  in  the  next  section  are  the  condi¬ 
tions  under  which  the  Markov  chain  leads  to  a  product 
form  solution. 

3.  THE  MARKOV  CHAIN 

3.1.  Definitions 

Given  an  access  protocol,  we  say  that  link  t  6  L 
blocks  fink  j  if,  whenever  fink  t  is  active,  the  protocol 
used  does  not  allow  a  scheduling  point  for  fink  j  to  result 
in  an  actual  transmission.  It  is  to  be  noted  that  if  fink  " 
*  blocks  link  j,  it  does  not  necessarily  follow  that  link  / 
blocks  fink  t. 

Let  D  be  a  set  of  finks  in  L  We  say  that  D  blocks 
link  j  €  L  —  D  if  there  exists  some  fink  »  €  D  which 
blocks  j.  We  define  U(D)  to  be  the  set  of  all  links  in 
L  —  0  which  are  not  blocked  by  0. 

In  later  treatments,  the  following  two  protocols  are 
used  as  examples: 

(i)  Nonpcrsistent  Carrier  Sense  Multiple  Access  (CSMA) 

1 12):  under  CSMA,  a  fink  will  be  blocked  whenever 
its  source  node  detects  a  transmission  by  any  other 
source  node  that  it  can  hear;  i.e.,  link  (sy.dy)  is 
blocked  by  (s,,d,)  whenever  =  1,  or  s,-  =  »y| 

(ii)  Idealistic  Busy  Tone  Multiple  Access  (I-BTMA)[13|: 

this  protocol  assumes  the  existence  of  a  separate 
channel  for  a  busy  tone.  The  destination  of  a  link 
emits  a  busy  tone  whenever  that  fink  is  active.  A 
link  is  blocked  if  its  source  node  hears  either  a  trans¬ 
mission  or  a  busy  tone;  i.e.,  link  (»y,dy)  is  blocked 
•>y  (*,-.  <)  if  either  k,t,t  —  1,  *■  1,  or  *<  —  «y. 

3.3  State  Space 

We  now  define  the  state  space  S  for  the  Markov  chain 
X(t).  Since  X(l)  is  the  set  of  all  links  that  are  active 

at  time  t,  S  C  2*\  Given  an  access  protocol  and  its 
blocking  properties,  not  all  subsets  of  L  may  be  In  5. 

Definition  1  S  m  the  collection  of  subsets  of  L  that 


the  system  can  reach  starting  from  the  idle  state  4  (i.e., 
all  links  inactive)  by  any  sequence  of  Jink  activations  and 
dcactivations. 

Definition  2  A  subset  D  —  (f i ,  /2,  of  L  is  said 

to  be  directly  reachable  if  there  exists  some  permuta¬ 
tion  (!«,  •  f«i » -  -  • ,  f,a)  of  D  such  that  l{>  is  not  blocked  by 

(f«,  -  -  -  *  J  s  2, . . . ,  n.  That  is,  D  is  directly 

reachable  if  it  can  be  reached  by  only  activating  the  links 
in  it,  in  some  order,  starling  from  the  idle  state  4- 
Lemma  1  If  a  subset  D  =  (I i,/2, hi  directly 
reachable,  then  any  subset  D1  C  D  is  also  directly  reach¬ 
able. 

Proof:  Let  be  an  ordered  sequence  of 

activations  which  allows  I)  to  be  reached.  The  ordered 
subsequence  in  (!,-, I,-a )  corresponding  to  links  in 
D'  is  a  sequence  of  activations  which  allows  D1  to  be 
reached  directly.  | 

Proposition  1  The  state  space  S  consists  of  4>  and  all 
subsets  DC  1  that  are  directly  reachable. 

Proof:  Clearly  a  set  D  which  is  directly  reachable  be¬ 
longs  to  S.  To  prove  the  converse,  we  let  D  6  S  be 
some  subset  that  is  reached  via  some  sequence  of  states 

Do,  01 . Dm,  with  Do  =  4  and  Dm  =  D,  due  to 

link  activations  and  dcactivations.  (Note  that  since  the 
process  Jf(t)  is  such  that  no  two  events  can  occur  at 
the  same  instant,  then  |Dt|  =  |Dt_i|  ±  1  for  all  k  = 
1,2, ...,m).  Since  the  first  transition  out  of  Do  =  4 
must  be  an  activation,  there  is  some  index  r  <  m  such  that 
Dr  is  reached  directly.  Consider  Dr+i.  If  Dr+i  =D,U 
(»'}  for  some  »,  then  Dr+I  i»  clearly  directly  reachable.  If 
D,+l  «=  0,  -  {/}  for  some  /,  then  Dr+i  is  also  directly 
reachable,  by  Lemma  1.  Applying  the  same  argument 
to  the  remaining  steps,  we  guarantee  that  D  is  directly 
reachable.  | 

According  to  Proposition  1,  one  can  generate  the 
state  space  by  the  following  algorithm,  which  is  not  neces¬ 
sarily  claimed  to  be  the  most  efficient  for  this  purpose: 

begin 


for  k  :=  0  to  L  —  1  do 
For  every  D  6  $  t.  |D |  =  k  do 
tor  every  l  €  L  —  0  do 
if  I  is  not  blocked  by  D, 
then  add  D  (J  {1}  to  S  | 

end. 

Remark  1  Given  an  access  protocol  and  some  state 
D  g  S,  it  should  be  noted  that  not  all  sequences  of 
activations  of  its  dements  will  necessarily  allow  D  to  be 
reached  from  4-  l*'or  example,  consider  the  4- node  chain 
of  Figure  l  with  nonxero  traffic  requirement  over  links  1 
and  2,  and  the  l-BTMA  access  protocol.  State  {1,2}  is 
an  example  of  a  state  for  which  the  order  of  activation 
is  relevant.  This  state  is  reachable  by  the  permutation 
(1,2),  but  not  by  the  permutation  (2, 1). 


Figure  1  A  4-node  chain  with  nonxero  traffic 
requirements  over  links  numbered  1  and  3 


j«uic»  I 

J«M(0»U(0j| 


Figure  2 


Typical  transitions  to  and  from  a  node 


x2 


*2 


Figure  3  State  apace  for  the  Markov  chain  of 
Example  1 


Remark  3  Recall  that  L  is  the  set  of  all  used  links 
and  thus  X,-  >  0  for  all  i  6  L.  Accordingly  every  state 
can  be  reached  from  the  empty  state  in  a  nonzero  period 
of  time  with  nonzero  probability.  Similarly,  the  empty 
state  can  be  reached  from  any  other  state  in  a  nonzero 
period  of  time  with  nonzero  probability  (since  m  >  0  for 
all  i  g  £).  It  then  follows  that  all  slates  communicate 
and  the  resulting  Markov  chain  is  irreducible. 

3.3  The  Equilibrium  Equations 

As  noted  above,  the  Markov  chain  X(t)  is  irreducible. 
Since  the  state  space  is  Gnile,  the  chain  is  then  positive 
recurrent  and  crgodic.  Thus  the  existence  of  a  strictly 
positive  stationary  distribution  is  ensured.  We  denote  by 
(Q(£>), D  €  5}  the  stationary  probability  distribution. 

Let  the  state  of  the  system  at  time  t  be  D  6  S,  let  i 
be  any  link  not  blocked  by  D,  and  let  /  6  D.  Given  the 
assumptions  in  Section  2,  the  time  to  the  next  scheduling 
point  of  t  is  exponentially  distributed  with  parameter  X,-, 
and  the  time  to  the  end  of  the  transmission  over  link  j  is 
also  exponentially  distributed  with  parameter  Pj.  Given 
that  Jf(t)  =  D,  the  stale  of  the  system  at  time  t  +  At  is 
given  by  (recall  the  dcGnition  of  U(l) )  in  Sec.  3.1) 


X(t  + At) 


'D\j{i),  «€  £/(!>),  with  probability 

XjAt 

D  -  {/},  j  6  D,  with  probability 

p,At 

D,  with  probability 

1_(  E  X<  +  E^  At> 

•€C/(f>)  ,€t> 


having  neglected  terms  of  order  higher  than  At.  This 
equation  defines  the  transition  rales  which  wc  need  for 
writing  the  equilibrium  equations.  Before  doing  so  we 
have  to  introduce  sonic  further  notation.  For  each  D  € 
S,  let  M(D )  be  the  set  of  all  links  »  g  D  such  that  D  U 
(s’)  €  S.  Clearly  M(D)  D  U(D).  Note  however  that  it  is 
not  necessarily  true  that  M(D)  *=  f/(/>).  (See  Example 
I  below).  Let  J(D)  to  be  the  set  of  all  links  j  g  0 


such  that  j  is  not  blocked  by  D  —  {/},  i.e.,  such  that  j  € 
U(D  —  {/}).  Clearly,  J[D)  C  D.  Here  too,  in  general 
wc  have  J(D)  ^  D,  as  is  also  illustrated  in  Example  l. 
With  these  dclinitions,  a  sketch  of  the  state- transition- 
rate  diagram  for  slate  D  and  the  transitions  to  and  from 
its  neighbors  can  be  seen  in  Figure  2.  The  equilibrium 
equations  ([ltj)  take  then  the  form 


Q(D) 


E  X.  +  E  n 

L*et/{D)  j€D 

=  E  <2(D-0'})X; 

+  E  <?(ou{*})«.  Des 

<€M(D) 


(I) 


Example  1  Consider  the  4-nodc  chain  of  Figure  1  with 
nonzero  traffic  requirement  over  links  1  and  2  only,  and 
the  l-BTMA  protocol.  The  corresponding  statc-transi- 
lion-rate  diagram  is  shown  in  Figure  3.  From  the  defi¬ 
nitions  wc  have  that  J({1,2})  =  (2),  t/({2})  =  and 
A/({2})  =  (l).  These  are  examples  of  states  D  for  which 
M(D)  ^  U(D),  or  J(D )  D. 

3.4  Reversible  Markov  Chains  and  Product  Form 
Solutions  [13] 

Definition  3  A  continuous  time  stochastic  process  X(t) 
dcGned  on  J  =  (— oo,  +oo)  is  said  to  be  reversible  if 
for  any  r  €  I,  integer  n,  and  ti  <£?<••  •<£„  in  I, 
(Jf(t|),  Jf(ti), ...,  Jf(£n))  has  the  same  distribution  as 
(A’{r-t1),A'(r-tj) . X(r  —  £»)).’ 

For  the  particular  case  of  Markov  chains,  revers¬ 
ibility  has  a  simple  characterization  in  terms  of  the  tran¬ 
sition  rates  and  steady-state  distribution,  as  given  in  the 
following  proposition,  whose  proof  can  be  found  in  [15]. 

Proposition  2  A  stationary  continuous  time  Markov 
chain  is  reversible  if  and  only  if  there  exists  a  collection 
of  positive  numbers  { r\(D),D  g  J),  summing  to  unity, 
such  that 

nm  -liDuDi)  =  n(Dz)  ■  q(Dt,Di)  (2) 

for  all  Di,Dj  6  S,  and  where  q(Di,Dj)  is  the  rate  of 
transitions  from  D,-  to  Dj.  When  such  a  collection  exists, 
it  is  the  stationary  probability  distribution. 

An  equivalent  necessary  and  sufficient  condition  for 
reversibility  (called  Kolmogorov’s  criterion)  is  that,  for 
any  6nite  sequence  of  states  D i,  Z7j,  ...,  Dn  6  S,  the 
transition  rates  satisfy 

q{Di,Dt)q(Dt,Dz)---q(Dn,Di) 

(3) 

=  q(Dl,  Dn)q(Dn,  Pn-l)  -  q{P7,Dl). 


Suppose  wc  are  given  a  reversible  Markov  chain  with 
stale  space  S.  Let  Dq  be  a  fixed  state  and  D  a  generic 
stale  in  S.  Let  Do,  D  i, . .. ,  Dm  be  any  sequence  of  states 
in  S,  with  Dm  =  D,  such  that  between  any  two  consecu¬ 
tive  slates  of  the  sequence  there  exist  nonzero  transition 
rales.  By  repeated  application  of  (2)  it  is  easy  to  see 
that  the  steady  stale  probability  distribution  for  such  a 
Markov  chain  satisfies 


q(d) = <?(d„)  n 

k— 1 


<f(flk-l.flk) 

q(Dk.Dk-l) 


(<) 


A  solution  with  the  form  of  (4)  is  called  a  product  form 
solution.  It  is  immediately  seen  that  if  the  steady  state 


3 


•elution  satisfies  (4)  then  (2)  is  automatically  satisfied  for 
all  D,.D,  6  S-  Thus 

Proposition  3  A  stationary  continuous  time  Markov 
chain  X(t)  possesses  a  product  form  solution  for  the  steady 
state  probability  distribution  if  and  only  if  it  is  reversible. 

3.6  Criterion  for  the  Existence  of  a  Product 
Form 

We  use  here  the  results  of  the  previous  section  to 
determine  the  conditions  on  the  access  protocol,  net¬ 
work  topology,  and  traffic  requirements  under  which  the 
resulting  Markov  chain,  defined  in  Sections  3.2  and  3.3, 
is  reversible  and  hence  the  global  balance  equations  (lj 
have  a  product  form  solution. 

Lemma  2  U[D)  —  M(D)  for  all  D  E  S  if  and  only  if 
J(D)  =  D  for  all  D  €  S. 

Proofi  We  know  already  that  J(D)  C  D  and  U(D)  C 
M(D).  To  prove  the  desired  equalities  we  only  need 
to  prove  the  reverse  inclusions.  Assume  that  U(D')  = 
M(D')  for  all  D'  6  S.  It  is  evident  that  J(j>)  =  <fr. 
Consider  now  any  D  6  S,D  ^  6.  For  each  j  €  D,  by 
definition  j  £  M(D  —  {/}).  Since  by  hypothesis  U(D  — 
0'})  =  M(D  —  {/}},  then  j  €  U(D  —  {/}).  Out  this  just 
means  that  j  £  J(D).  Thus  D  C  J[D),  for  all  D  £  S. 
Conversely,  assume  that  D'  =  J(D')  for  all  D'  £  S.  Call 
a  state  maximal  if  M[D)  —  <t>.  Since  U(D)  C  M[D), 
for  maximal  stales  it  is  true  that  U(D)  —  M(D).  Let 
now  D  £  $  be  a  non- maximal  state,  and  j  £  M[D).  By 
hypothesis  J(D  U  {y })  =  D  U  {]},  which  in  particular 
implies  that  j  is  not  blocked  by  D,  and  thus  that  j  6 
U(D).  Hence  M(D)  C  U(D).  | 

Proposition  4  The  Markov  chain  X{t)  is  reversible  if 
and  only  if 

D  -  J(D )  (5) 

for  all  D  £  S  (or,  equivalently,  U(D)  =  A f(D)  for  all 

D  £  S  ). 

Proof:  Assume  that  the  Markov  chain  X(t)  is  revers¬ 
ible.  Clearly  (5)  holds  for  D  —  Consider  now  D  € 
$,D  4,  and  j  €  D.  From  (2)  we  have  that 

Q[D)  ■  q(D,  D  -  {y})  =  Q(D  -  {/»  •  g(D  -  {/>,  D ). 
Since  q(D,D  —  {/})  =  py  >  0  and  Q[D)  >  0  for  all 
D  £  S,  this  last  equation  implies  that  q(D  —  (/},  D)  > 

0.  But  since  q(l)  —  (y},D)  can  only  be  either  0  (if  j  g 
J[D))  or  \j  (if  y  £  ./(D)),  we  necessarily  conclude  that 
q(D  -  {]},D)  =  X,  and  j  £  J{D).  Then  D  C  J(D)  for 
all  D  £  S,  and  consequently  D  =  J{D)  for  all  D  €  S. 
Conversely,  assume  that  J(D)  *=  D  for  all  D  6  S.  We 

now  show  that  (ij(0)  :  q(0)  =  rj0  f[l€D  ^  ,D  £  S  >, 
with  qo  chosen  so  that  XDogj  *?(D)  =  1»  i*  *  collection 
of  numbers  that  satisfies  the  conditions  of  Proposition  2. 
Let  be  any  two  states  in  S.  Assume  first  that 

they  arc  of  either  the  form  D\  =  D,  Dq  =  D  -  {j},  or 
the  form  Di  =  D  —  {;'},  Dq  =  D,  for  some  D  g  S  and 
/  €  D.  From  the  choice  of  q(D)  we  have 

q(D)  =  ^q(D-{y»  . 

The  transition  rates  between  these  two  states  are  q(D,  D— 
{j})  =  ftj  and,  from  the  assumption  J(D)  =»  D,  q(D  — 
(j), D)  —  Xy.  Thus,  in  this  case, 

q(D1)q(Dl>D,)  =  q(Dl),(D„Dl)  . 

For  any  other  choice  of  D\  and  Dq,  q(D\,Dq)  —  q(Dq, 
D\)  ■  0,  and 

i){Di\q(Di,Di)  as  q(Dj)ij(D},D|) 
is  trivially  verified.  Thus  (2)  holds  for  all  D\,Dq  €  $, 
and  X(t)  is  reversible,  by  Proposition  2.  | 


Proposition  6  (Criterion  for  the  existence  of  a 
product  form)  A  necessary  and  sufficient  condition 
for  a  channel  access  protocol,  together  with  a  given  net¬ 
work  topology  and  traffic  requirements,  to  have  a  product 
form  solution  is  that,  for  all  pairs  of  used  finks  i  and  j, 
link  j  blocks  link  t  whenever  link  t  blocks  link  j. 

Proof:  Since  the  existence  of  a  product  form  solution 
is  equivalent  to  the  Markov  chain  being  reversible,  we 
will  prove  the  equivalence  between  reversibility  and  the 
condition  stated  in  the  above  criterion. 

(a)  The  Markov  chain  is  reversible. 

Assume  that  fink  i  blocks  fink  j.  If  j  docs  not  block 
i,  we  will  have  the  situation  depicted  in  Figure  4  in 
which  {j}  6  AY({s})  but  {;'}  (  l/({«}),  providing 
an  instance  of  a  state  D  for  which  U{D)  M[D). 
But  this  contradicts  our  assumption  that  X(t)  is 
reversible,  given  the  result  contained  in  Proposition 
4.  Thus  y  blocks  i. 


Figure  4  Portion  of  a  non-reversible  chain 

(b)  The  Markov  chain  ‘is  not  reversible. 

From  Proposition  4  we  know  that  there  exists  a  state 
D  for  which  D  J(D),  i.e.,  for  which  there  exists 
y  G  D  such  that  j  is  blocked  by  D—  {/}.  Let  %  g  D— 
{j}  be  some  link  blocking  j  and  deGne  D1  =  {»',  j}. 
Since  D'  C  D  then,  by  Lemma  1  and  Proposition  1, 
D'  6  S,  and  D'  can  be  directly  reached  by  activating 
links  i  and  /  in  some  order.  By  hypothesis  t  blocks 
y,  and  so  D'  has  to  be  directly  reachable  from  {]}. 
Thus  j  docs  not  block  s’.  | 

Proposition  5  implies  that,  in  a  reversible  chain  and 
for  any  state  D  €  S,  any  order  of  activation  of  the  finks 
in  D  allows  D  to  be  reached  directly  from  state  and 
thus  the  situation  depicted  in  Remark  1  docs  never  occur. 

For  a  reversible  chain  the  stationary  probability  dis¬ 
tribution  is  given  by  (4).  From  the  particular  form  of  the 
transition  rates  we  have 

QW  =  Q(t)  n  ^  <6) 

«€£>  " 

for  all  D  €  5.  We  can  ask  if  there  can  exist  protocols 
for  which  the  corresponding  Markov  chain  X(t)  is  not 
reversible,  and  yet  the  steady-state  probabilities  have  the 
form  (6). 

Proposition  6  (6)  is  a  solution  of  the  global  balance 

equations  (1)  if  and  only  if 

D  =  J(D )  (5) 

for  all  D  6  S  (or,  equivalently,  U(D)  =  M(D)  for  all 
D  6  $)• 

Proofi  Assume  that  D  J(D)  for  all  D  €  S,  By 
Proposition  4,  X (t)  is  reversible  and  thus  the  steady-state 
probabilities  have  the  form  (ft).  Conversely,  assume  that 
(6)  is  a  solution  of  (I).  By  substitution  of  (G)  in  (I)  and 


simplification  we  obtain 

E  X'  “  E  **/• 

i€«(0)-t/(0)  yeo-y(D) 

Wc  now  see  under  which  conditions  this  equality  can 
hold.  Recall  that  a  state  D  of  the  Markov  chain  is  said  to 
be  maximal  if  M(D)  =  Given  a  generic  slate  D,  deGne 
a  maximal  path  starting  at  0  to  bea  Gnite  sequence  of 
slates  Do,D|,...,/Jk  such  that  Dq  =  D,  D i+i  =  Oj  U 
{*'}  for  some  i  6  A/ (£>/),  I  =  0,  l,...,k  —  1,  and  Dk  is 
a  maximal  state.  Define  the  length  of  the  maximal  path 
to  be  k,  and  let  1(D)  be  the  maximum  of  the  lengths  of 
the  maximal  paths  starting  at  D.  Wc  shall  now  prove  (5) 
by  induction  on  1(D).  For  1(D)  =  0  wc  have  that  D  is  a 
maximal  state,  for  which  M(D)  —  U(D )  =  4>.  Then 

E  h = °- 

ieo-y(D) 

Since,  by  assumption,  py  >  0,  we  obtain  that  D  —  J(D). 
Assume  now  that,  for  n  a  positive  integer,  (5)  holds  for 
all  states  D'  for  which  l(D')<n.  Let  D  be  a  state  for 
which  1(D)  *  n+  1.  For  all  j  €  M(D),  D  U  {j}  is  a  state 
for  which  1(D)  <n.  By  the  induction  hypothesis  we  then 
have  J(D  U  {/})  —  DU  {/},  which  means  in  particular 
that  j  is  not  blocked  by  D  or,  in  other  words,  that  j  6 
U(D).  Then  U(D)  =  M(D)  and 

E  N  “  °- 

ieD-J(D) 

Again,  as  all  py  >  0,  it  follows  that  D  =  J(D).  | 

Example  2t  As  an  application  of  Proposition  5,  we  can 
now  prove  that,  with  a  symmetric  hearing  matrix,  non- 
persistent  CSMA  always  leads  to  a  product  form  solution. 
Consider  any  two  used  links  t  and  j,  and  represent  them 
as  (*i,dj)  and  (sy,dy),  respectively.  Under  CSMA,  if  « 
blocks  j,  then  either  *,•  =  »y  or  A*,*,  =  1.  The  sym¬ 
metry  of  the  hearing  matrix  then  implies  that  j  blocks  i, 
and  thus  by  Proposition  5  the  stationary  distribution  will 
have  a  product  form.  R  the  hearing  matrix  is  not  sym¬ 
metric  we  will  not  get  a  product  form  solution,  except 
when  all  pairs  of  nodes  «j  and  «y  for  which  htii f  =  1 
and  h,iti  =  0  arc  such  that  at  least  one  element  of  the 
pair  is  the  source  of  no  used  links. 

Example  3;  The  I-DTMA  protocol  will  not,  in  general, 
lead  to  a  product  form  solution.  Indeed,  if  the  net¬ 
work  under  consideration  contains  the  subnetwork  and 
traOic  pattern  of  Figure  1,  we  can  find  links  i  arid  j 
such  that  t  blocks  j  but  j  docs  not  block  i.  For  some 
speciGc  topologies  and  traffic  patterns,  however,  I-UTMA 
will  have  a  product  form  solution,  lixnmplcs  of  these 
arc  a  star  network  with  arms  of  length  I  and  arbitrary 
traffic  pattern,  or  a  4-node  chain  in  which  the  outer  nodes 
generate  no  traffic. 

The  product  form  (6)  is  especially  convenient  for 
compulation.  In  the  eases  where  it  docs  not  hold,  in  order 
to  determine  the  stationary  probability  distribution  we 
have  to  resort  to  the  numerical  solution  of  the  global 
balance  equations  (2).  The  coefficient  matrix  for  this 
system  is  sparse,  and  this  fact  suggests  the  use  of  an 
iterative  solution  method. 

4.  THROUGHPUT  ANALYSIS 

Given  a  Markov  chain  describing  the  activity  of  a 
packet  radio  network,  wc  wish  to  find  an  expression  for 
the  throughput  of  each  link  as  a  function  of  the  transi¬ 
tion  rates  and  the  steady-stale  probability  distribution 


of  the  Markov  chain.  Wc  do  not  necessarily  assume  re¬ 
versible  Markov  chains;  the  material  in  this  section  is 
effectively  independent  of  the  previous  section.  Wc  start 
in  this  section  by  presenting  general  expressions  for  the 
link  throughput,  without  specific  assumptions  on  cap¬ 
ture.  Later  the  general  results  arc  particularised  for  the 
eases  of  scro  capture  and  perfect  capture.  Capture  refers 
to  success  in  the  reception  of  a  given  message  at  its  des¬ 
tination  even  when  there  is  overlap  with  interfering  mes¬ 
sages.  Perfect  capture  refers  to  the  ability  of  receiving 
correctly  the  first  message  to  reach  the  receiver  regard¬ 
less  of  the  number  of  future  overlapping  messages;  «ero 
capture  refers  to  the  situation  where  any  overlap  results 
in  complete  destruction  of  all  overlapping  transmissions. 

By  definition,  the  throughput  of  link  t,  5,-,  is  the 
long-run  fraction  of  time  that  link  t  is  engaged  in  success¬ 
ful  transmissions.  Wc  restrict  the  analysis  to  protocols 
and  modes  of  operation  such  that  the  success  of  a  trans¬ 
mission  docs  not  depend  on  the  behavior  of  the  system 
after  the  termination  of  the  transmission  in  question. 

4.1  General  Case 

Let  U(i)  be  the  collection  of  states  D  €  S  that  do  not 
block  fink  s’.  Define  S(D,  t),  D  £  U(i),  to  be  the  fraction 
of  time  that  fink  s’  is  engaged  in  successful  transmissions 
and  the  stale  just  prior  to  the  start  of  those  transmissions 
is  D.  S(D,i)  accounts  for  all  successful  transmissions  on 
link  t  that  are  initialed  by  a  jump  of  the  Markov  chain 
from  state  D  into  state  D  U  {»}.  Summing  over  D  we 
obtain 

S.  =  £  •  (7) 

D6U(.) 

For  a  fixed  D  and  by  the  strong  Markov  property  ([16]), 
the  times  of  the  successive  transitions  from  state  D  to 
state  D  U  {i}  arc  regeneration  points  for  the  Markov 
chain  X(t).  We  now  consider  the  cycles  defined  by  the 
time  intervals  between  two  successive  regeneration  points. 
Let  Cic(D,i)  denote  the  length  of  the  k-th  cycle,  and 
Tk(D,i)  be  the  total  time  in  cycle  k  that  the  channel 
was  used  successfully  by  a  transmission  over  fink  We 
can  think  of  Tk(D,i)  as  the  “reward"  (for  the  purpose  of 
calculating  the  link's  throughput)  earned  during  the  k-th 
cycle.  With  our  assumptions  on  the  protocols  and  modes 
of  operation  of  the  network,  {(Ct(jD,i),7*(ZJ,t))  :  fc>l} 
is  a  sequence  of  independent  and  identically  distributed 
pairs  of  random  variables.  In  general  the  elements  of  each 
pair  may  be  correlated.  In  the  following  we  will  omit 
the  subscripts  in  these  variables  whenever  wc  refer  to  a 
generic  one.  If  wc  let  N(t)  be  the  number  of  completed 
cycles  by  time  t,  then 


.  "«) 

5(Z>,,’)=  Km  -  E  Tk(D.i)  - 

t— oo  t 


Ld  E\C(D,  OJ  and  R\T(D,i)]sT(D,i)  denote  the  ex¬ 
pected  cycle  length  and  expected  reward,  respectively. 
Standard  theorems  in  the  theory  of  renewal  processes 
(|I7|)  assert  that,  with  probability  1, 


SUM 


£[r(£Ml 

E[C(D,i)\  ' 


(8) 


The  quantities  on  the  right-hand  side  of  the  last  equa¬ 
tion  can  be  computed  in  terms  of  the  parameters  of  the 
system. 

Proposition  6  The  expected  cycle  length  E[C(D,\) ]  is 
given  by 


E[C(D,01-  ,  B6BW  ■  (•) 
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Prooft  Let  n(t)  denote  tlie  number  of  state  transitions 
of  tlie  Markov  chain  X (t)  in  (0,  t|,  and  deGne  the  em¬ 
bedded  Markov  ciiain  { Yk  ;  k>0)  by 

Yk  =  Af(t),  for  any  t  such  that  n(tj  =  k. 

Yk  is  the  state  the  Markov  chain  X(t)  is  in  after  the  k- 
th  transition.  The  irrcducibility  and  positive  recurrence 
of  X  (t)  implies  the  same  properties  for  the  embedded 
chain  V*,  which  then  possesses  a  stationary  distribution 
{»(£>) :  D  £  5},  with 

*(D)  =  lin.  P[Yk  =  D\  . 


The  relation  between  *(D)  and  Q(D)  is  given  by  ((17|) 


Q(D)  *(D)Il(D) 
Q{U')  Tt[D,)H(D,y 


D.D1  £  S 


(10) 


4.2  Perfect  Capture 

Under  perfect  capture  we  assume  that  for  each  link  » 
4:  -  exists  a  set  of  links  C(tj  not  containing  t,  such  that 

..iistniasion  over  link  t  is  successful  if  and  only  if  at  the 
time  it  starts  no  other  link  in  C(»)  is  active,  irrespective 
of  what  happens  after  the  start  of  the  transmission  over 
link  i. 

Let  U,[ »)  be  the  subset  of  U(i)  formed  by  those  states 
that  do  not  contain  any  link  in  C(»).  For  D  £  U{x)  —  U,(x), 

we  have  T(D,  t)  =  0;  for  D  €  U,({),  we  have  T(D,  ij  = 
l /fig.  We  thus  have 

Proposition  8  The  throughput  of  link  i  under  perfect 
capture  is  given  by 


Si  =  C<  £  Q(D)  .  (16) 

eeu.(i) 


where  fl(D )  is  the  expected  sojourn  time  of  Jf(t)  in  state 
D,  given  by 


H(D)  = 


1 

E 

D*eJ 


(u) 


Given  that  X(t)  is  a  continuous  time  Markov  chain  (and 
hence  the  next  state  after  state  D  £  S  is  determined  by 
the  minimum  of  an  independent  collection  of  exponential 
random  variables  with  parameters  q(D,D'),  D‘  £  5), 
the  transition  probabilities  for  the  embedded  chain  Yk 
are  easily  computed;  in  particular,  those  relevant  to  this 
proof  are  given  by 

P[n+i  =  Du[i}  |  Yk  =  D\ 

X, 

*  E  mm 

D’GS 


In  order  to  compute  the  average  cycle  length  we  note  that 
((17J). 

,lZ  /wo  -  BUM.  _  D|  _  . 

(13) 

Developing  the  left-hand  side  of  (13)  gives  us 

nm  =  DUH),  Ynp)-!  =  d) 

=  Q(D  u  {•}) 

•  Km  P\rn(t)-1  =  D  I  Yn{t)  —  DU  {•'}] 

t— ♦OO 

=  Q(ou{i})  p\Yk +1  =  Du{.-}  I  n  = 

which,  when  substituted  in  (13)  after  using  ( 10)— (12), 
gives  equation  (9).  | 

From  (7),  (8)  and  Proposition  6  we  then  obtain 

Proposition  7  The  throughput  of  link  t,  S,-,  is  given 

by 

*  =  E  «(*w>.o  (“) 

oeu(i) 

or,  defining  the  normalised  rescheduling  rate  G,-  ^  jj, 

E  Q(D)Pi7(D,i)  -  (15) 

»€«(<) 


Equation  (16)  was  first  derived  by  Doorstyn  and  Ker- 
shenbaum  in  [9]  for  nonpersistent  CSMA,  using  a  heuris¬ 
tic  argument. 

4.3  Zero  Capture 

Under  tcro  capture  we  assume  that  for  each  link  t 
there  exists  a  set  of  links  C(t)  not  containing  t,  such  that 
a  transmission  over  link  t  is  successful  if  and  only  if  at 
the  time  it  starts  and  during  the  whole  duration  of  the 
transmission  no  link  in  C(>)  is  ever  active. 

As  in  lhe_case  of  perfect  capture,  for  all  states  D  in 
U(t)  -  U.(i),  T(D,  i)  =  0,  and  thus 

*  =  <?,  £  Q(D)MiT(D,i). 

Deu.w 

However,  in  this  case  the  average  transmission  time  of 
a  successful  message  is  not  due  to  the  dependency 
that  exists  between  the  message  length  and  its  success. 
The  computation  of  T(D,i )  involves  the  construction  of 
an  auxiliary  Markov  chain.  In  the  original  chain,  let  At( t) 
be  the  collection  of  states  in  which  i  is  active  and  no  ele¬ 
ment  of  C(»)  is  active,  let  >!«(»)  be  the  collection  of  states 
in  which  i  Is  active  and  some  element  of  C(»)  is  active, 
and  let  J(i)  be  the  set  of  states  obtained  from  A«( t)  by 
deactivating  link  t.  With  respect  to  these  definitions,  the 
start  of  a  transmission  over  link  i  which  does  not  suffer 
a  collision  at  its  very  start  corresponds  to  a  transition 
of  the  Markov  chain  X(t)  from  a  slate  D  £  U,(i)  into 
state  l)  U  {»}  €  A«(»).  X(t)  will  remain  in  A,(i)  as  long 
as  i  is  active  and  not  collided  with.  A  pa  sible  later  col¬ 
lision  of  t  with  a  transmission  over  some  other  link  in 
C(i)  corresponds  to  a  transition  from  some  state  in  >!,(») 
into  a  stale  in  Ac(<).  The  successful  completion  of  link  t’s 
transmission  corresponds  to  a  transition  from  some  state 
in  /.(»')  into  a  stale  in  J(t)  without  having  previously 
visited  any  stale  in  Ac(t). 

The  structures  of  £/,(<)  and  /,(»)  arc  related.  Any 
stale  of  the  form  D  U  {»},  with  D  £  2l«(i),  is  in  At(t). 
However,  ff  X(t)  is  not  reversible,  A*(i)  will  contain  other 
states.  These  states  arc  the  ones  that  contain  some  link 
j  £  C(t)  that  blocks  link  t  but  is  not  blocked  by  t.  Any 
state  containing  sucii  a  j  cannot  clearly  be  of  the  form 
D  U  {»’}.  with  D  £  !/«(»),  since  then  we  would  have  j  £ 
D  and  thus  t  would  be  blocked  by  D,  contrary  to  the 
definition  of  U«(i);  but  nevertheless  there  will  be  states 
in  A«(»)  containing  such  links  j,  namely  the  state  {»’,/}. 
Any  state  in  A*(t)  not  containing  any  such  j  will  be  of 
the  form  D  U  {»),  for  some  D  £  U,(i). 

The  auxiliary  Markov  chain  is  now  constructed  by 
grouping  all  states  in  J(t)  into  one  absorbing  state  denoted 
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wilh  solution 


again  J{i),  grouping  all  stairs  in  At(i)  into  another  ab¬ 
sorbing  stale  of  the  same  name,  and  deleting  all  states 
not  in  A,(ij  U  ytc(i)  U  J(i).  When  deleting  a  slate,  all 
arrows  incident  to  that  state  are  deleted.  In  this  new 
chain,  the  stales  in  ^«(t)  are  transient  and,  wilh  prob¬ 
ability  I,  X(t )  will  be  absorbed  in  either  Ac(i)  or  J(i). 
Prom  what  was  said  above,  we  see  that  a  transmission 
over  link  »’,  initialed  successfully  by  a  jump  of  X(t)  from 
some  D  6  U,(i)  into  D  U  {«},  will  terminate  successfully 
if  X’(t)  is  absorbed  in  J(:j,  and  will  suffer  a  collision  if 
absorption  occurs  in  Jf£(tj.  Thus,  for  D  6  £/«(«),  T(0.») 
equals  the  length  of  the  time  interval  between  the  Grsl 
entrance  to  D  (J  { » }  and  absorption  in  ./(s'),  if  absorption 
occurs  in  J(ij,  and  0,  otherwise. 

Let  k  be  the  cardinality  of  At[i).  By  suitable  reor¬ 
dering  of  the  slates  of  the  modiGed  chain,  its  transition 
rate  matrix  is 


R*(0  = 


p.(0 

s 

.  s 


0 

0 


V 

0 

0 


where  R,(t)  is  the  [k  X  k)  matrix  of  the  transition  rates 

between  states  in  A${ s’),  e  =  [1...1]7"  is  of  dimension 
(k  X  1),  p,e  is  the  vector  of  the  transition  rates  from  At( t) 
into  J( »),  <p  is  the  (fc  X  1)  vector  of  the  transition  rates 
from  /[,(:')  into  e (i) ,  and  s  =  [0. . .  Oj  is  of  dimension 
(1  X  k).  With  these  deGnitions,  we  have 

Proposition  9  The  throughput  of  link  s'  under  sero 
capture  is  given  by 


Si  —  Gi  Pi^DUfi)  '  07) 

oeu.(i) 

where  T0(J(,)  is  the  component  with  index  D  U  {»}  of 
the  column  vector 


T  =  p,  R.-*(t)e  . 


Proof:  As  we  saw  above,  T(D,t]  is  the  average  time 
to  absorption  in  J(ij  for  a  chain  started  in  state  D  U 
{>},  over  the  set  of  sample  paths  for  which  absorption 
in  J(t)  occurs.  Thus  T[D,i)  can  be  determined  from 

the  probability  transition  matrix,  P  (t),  of  the  modiGed 
chain,  deGned  by 

Po,d'(0  =  ppr(O  =  0'|X{o)  =  D] 


for  D,  D'  £  At(i)  U  >fc(tj  U  J(tj.  The  transition  prob¬ 
ability  matrix  corresponding  to  R  (a)  has  the  form 


P*(t)  = 


P.(‘) 

t 

■  ■ 


p  At) 
i 
o 


and  is  determined  by  the  forward  Kolmogorov  equation 


£p*(t)  =  r*(t)-R‘(0  .  p*(o)  —  i  • 

Given  the  structure  of  R  (i)  the  forward  Kolmogorov 
equation  takes  the  form 

Ap,(t)  =  P.(t)R.(0  ,  P «(0)  *=  I 

£Pj(‘)  =  p,P.(t)e  ,  Fj{0)  -  0 

APt(<)  =  P.(t)*>  .  P«(0)  =  0 


p.(‘) 

=  eR.i*)» 

,  t>0 

Pj(‘) 

,  l>0 

p«M 

=  -  i]r,-'(.V 

,  t>0. 

Note  that,  since  the  states  in  /,(»)  arc  transient,  eR,(*)*  -* 
0  as  t  — *  oo.  Let  now  T  be  a  column  vector  with  rows 
indexed  by  the  states  in  ^<(i)  in  the  same  order  aa  the 
rows  of  R,(i)  and  where,  for  D'  6  >7 ■  (s),  the  component 
with  index  D' ,  T/y,  is  the  random  variable  giving  the 
time  to  absorption  in  J(i )  when  the  chain  is  started  in 
state  D'.  Then 

P{T<tc)  =  Pj(t)  ,  t>  0 

and 

f°° 

T  &  E{ T;  T  <  oo)  =  /  (P,(oo)  -  P^(t)ldt 

Jo 

=  -Pi  /  eR-(,’‘Rr,(.)  e  dt  =  p,R.-*(»>  . 

Jo 

Since  T(D,t)  =  ,Pd1j{>)>  we  °btain  equation  (17).  | 

5.  CONCLUSION 

We  presented  in  this  paper  a  Markovian  model  for 
the  throughput  analysis  of  multihop  packet  radio  net¬ 
works,  and  which  is  applicable  to  a  large  class  or  access 
protocols.  In  the  Grst  part  of  the  paper  we  described  the 
structure  of  the  Markov  chain,  and  studied  the  existence 
of  a  product  form  solution  for  the  stationary  probabil¬ 
ities.  We  showed  that  the  existence  of  a  product  form 
solution  is  equivalent  to  the  property  known  as  revers¬ 
ibility,  and  we  gave  a  criterion  which  allows  the  exis¬ 
tence  of  this  properly  to  be  easily  determined  from  the 
specification  of  the  access  protocol,  the  network  topology, 
and  the  traffic  pattern.  In  the  second  part  of  the  paper 
we  derived  general  expressions  for  the  link  throughputs 
of  such  a  system,  which  we  then  particularised  for  the 
cases  of  perfect  capture  and  sero  capture. 
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Abstract 

A  performance  comparison  between  end-to-end  flow  control 
(EEFC)  and  gateway- to-gate way  flow  control  (GCFC)  in  inter¬ 
net  environments  is  presented.  The  performance  is  measured  in 
terms  of  average  delivery  delay  of  packets.  First,  a  new  tech¬ 
nique  for  computing  the  average  delivery  delay  across  a  network 
ia  introduced.  It  is  shown  that,  for  a  given  input  rate  to  the 
network,  there  exists  an  optimum  time-out  which  minimizes  the 
average  delivery  delay.  Then  the  performance  is  evaluated  for 
EEFC  and  GGFC  in  an  internet  environment.  It  is  observed  that 
when  the  networks  arc  in  tandem,  GGFC  offers  a  better  perfor¬ 
mance  over  that  of  EEFC.  However,  in  general  configurations 
where  there  is  a  high  degree  of  traffic  bifurcation  between  the 
networks,  only  under  adaptive  routing  does  GGFC  result  in  a 
lower  average  delivery  delay  than  that  of  EEFC.  Finally,  routing 
and  flow  control  in  internets  are  discussed. 

I.  Introduction 

As  computer  communication  networks  multiply  in  number, 
it  becomes  more  desirable  to  interconnect  these  networks  in 
order  to  broaden  their  user  services.  The  interconnection  of 
networks  is  implemented  through  entities  called  gateways,  which 
are  interfaced  to  the  individual  networks  as  hosts.  As  in  the  case 
of  a  single  network,  a  reliable  delivery  of  packets  between  the 
end  hosts  must  be  provided.  When  there  is  some  probability 
of  packet  loss  the  reliable  delivery  can  be  insured  through  a 
flow  control  mechanism  such  as  windowing  which  incorporates 
an  automatic- repeat- request  (ARQ)  feature. 

In  an  internet  environment  the  (low  control  may  be  imple¬ 
mented  between  the  source  and  destination  hosts,  or  it  may  be 
implmcnted  across  every  network  on  the  communication  path, 
i.e.,  between  the  gateways  as  well  as  the  gateways  and  cud  hosts. 
In  this  report  we  refer  to  the  former  case  as  end-to-end  flow, 
control  (EEI'C)  and  to  the  latter  one  as  gateway-to-gateway 
flow  control  (GGFC).  Our  objective,  here,  is  to  make  a  perfor¬ 
mance  comparison  between  EEFC  and  CCFC.  Furthermore,  we 
consider  the  use  of  routing  and  flow  control  algorithms  to  en¬ 
hance  the  performance.  The  performance  is  measured  in  terms 
of  packet  delivery  delay,  i.c.,  the  time  elapsed  since  the  packet 
arrives  at  the  source  host  until  the  first  correct  copy  of  it  is 
delivered  to  the  Jeslination  host.  This  performance  is  a  function 
of  the  end-to-end  delay  and  probability  of  loss  across  the  network 
as  well  as  the  input  rale  and  retransmission  frequency.  As  wc 
will  observe,  there  is  an  optimum  retransmission  frequency,  or 
alternatively  an  optimum  timeout,  which  minimizes  the  average 
delivery  delay.  Edge  compares  EEFC  and  CCFC  in  internet 
environments  according  to  a  number  of  criteria,  including  the 
average  delivery  delay.  [l|  To  compute  the  delivery  delay,  he 
use*  Sunshine's  approach  in  which  end-to-end  delay  distribution 
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across  the  network  at  some  total  traffic  rate  called  bandwidth 
is  assumed  to  be  known.  (2)  Then  the  average  delivery  delay 
is  numerically  calculated  for  different  retransmission  frequencies 
while  adjusting  the  input  rate  in  such  a  way  that  the  total  rate 
of  traffic,  comprising  both  input  and  retransmissions,  be  equal 
to  the  bandwidth.  Consequently  the  tradeoff  between  average 
delivery  delay  and  throughput  is  obtained.  Edge  concludes  that 
the  delivery  delay  under  GGFC  is  lower  than  that  of  EEFC. 

In  addition  to  Sunshine,  others  have  considered  Utc  prob¬ 
lem  of  computing  the  average  delivery  delay  under  different 
conditions.  Konheim  analyzes  the  delivery  delay  when  end-to- 
end  delay  is  deterministic  and  the  transmissions  arc  slotted. 
[3]  His  assumption  of  deterministic  end-to-end  delay  results 
in  an  implicit  Negative  ACIC  (NACIC)  eliminating  the  prob¬ 
lem  of  timeout  optimization.  Klcinrock  and  Kcrmani  compute 
the  delivery  delay  when  packets  are  lost  due  to  the  destina¬ 
tion  host  buffer  overflow  rather  than  transmission  error.  [<l| 
To  simplify  the  analysis,  they  assume  that  only  the  ACK  for 
the  last  retransmission  is  accepted  at  the  host  source.  Fayollc 
et  al.  analyze  the  delivery  delay  when  packet  losses  arc  due  to 
transmission  error,  but  they  too  assume  that  only  the  ACIC  cor¬ 
responding  to  the  last  retransmission  is  acceptable.  (5) 

Here  we  present  a  new  technique  for  computing  the  delivery 
delay  when  packet  losses  arc  independent  as  in  the  case  where 
transmission  errors  arc  the  major  contributors  to  packet  losses. 
In  the  next  section,  assuming  that  the  timeouts  arc  exponen¬ 
tially  distributed,  wc  derive  a  compact  formula  for  delivery  delay 
distribution  in  terms  of  the  end-to-end  delay  distribution.  In 
Section  III,  the  mean  and  coefficient  of  variation  of  end-1  o-end 
delay  arc  used  to  obtain  a  stepwise  estimation  to  its  distribution. 
Then,  from  this  stepwise  distribution  the  average  delivery  delay 
is  found.  Assuming  that  the  mean  and  coefficient  of  variation 
of  end-to-end  dday  arc  given  as  functions  of  the  total  tralfic 
rate,  wc  find  the  average  delivery  delay  as  a  function  of  input 
rate.  Throughout  we  numerically  optimize  the  timeout  to  ob¬ 
tain  the  minimum  average  delivery  delay.  In  the  final  section, 
the  performance  of  EEFC  and  GCFC  in  an  internet  arc  inves¬ 
tigated.  In  general,  our  results  confirm  those  of  Edge  regarding 
the  performance  advantage  of  CCFC  over  EEFC.  In  addition, 
we  show  that  when  there  is  a  large  degree  of  traffic,  bifurcation 
between  the  networks,  only  under  adaptive  rouling  does  CCFC 
offer  a  better  performance  than  that  of  EEFC.  The  advantages 
of  GGFC  under  adaptive  routing  suggest  using  routing  and  How 
control  algorithms  in  internets.  Some  routing  algorithm  have 
been  developed  based  on  control  theory.  (6,  7,  8|  Wc  discuss 
their  application  to  develop  a  routing  and  flow  control  algorithm 
for  internet  environments. 

II.  Analysis  of  Delivery  Delay 
In  this  section  wc  derive  a  formula  for  computing  expected 
delivery  delay  across  a  network.  The  packet  delivery  delay 
is  defined  as  the  time  elapsed  from  when  a  packet  arrives  to 
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tlic  source  host  until  its  first  correct  copy  is  delivered  to  the 
destination  host.  We  shall  call  the  delay  undergone  by  each 
copy  across  the  network  the  end-to-end  delay  and  assume  that 
its  distribution  is  given.  Moreover,  we  assume  that  the  Ions  of 
copies  arc  independent  from  each  other  and  have  a  given  fixed 
probability. 

Since,  in  general,  the  delivery  delay  distribution  of  a  packet 
depends  on  the  end-to-end  delay  of  every  copy  of  that  packet, 
the  exact  analysis  requires  the  knowledge  of  the  joint  distribu¬ 
tion  of  the  one-way  delays.  However,  realising  that  this  joint 
distribution  is  often  not  known,  we  develop  a  simple  model  to 
characterize  the  dependencies  between  the  end-to-end  delays.  To 
motivate  this  model,  we  consider  two  extreme  cases.  The  first 
case  is  that  of  fixed  routing — all  the  copies  take  the  same  route 
through  the  network.  Given  that  firstin-first-oul  scheduling  is 
utilized  at  the  nodes,  the  order  of  ccp :cs  at  arrival  to  the  network 
is  the  same  as  that  upon  their  departure.  The  other  extreme  case 
occurs  when  the  one-way  delays  arc  independent.  This  situa¬ 
tion  is  realized  when  every  copy  takes  a  different  path  across 
the  network  from  every  other  copy — i.c.  there  exists  “complete 
alternate  routing”. 

Dascd  on  the  above  observation  wc  may  model  the  network 
as  consisting  of  a  number  of  identical  and  disjoint  paths.  Every 
copy  may  be  transmitted  over  any  of  these  paths  with  equal 
probability.  Furthermore  the  copies  that  are  transmitted  over 
the  same  path,  although  their  ordering  is  preserved,  have  the 
same  marginal  end-to-end  delay  distribution.  In  fact  in  a  net¬ 
work  where  there  exists  a  large  mixing  of  different  traffic  at  every 
node  wc  expect  that  all  the  copies  in  an  stream  experience  ap¬ 
proximately  the  same  delay  distribution.  On  the  other  hand,  the 
copies  taking  different  routes  to  the  destination  source  undergo 
independent  but  again  identically  distributed  end-to-end  delays. 
Let  us  denote  these  paths  by  x,,  x2,  •••,  *n-  I"  the  following 
n  is  assumed  to  be  integer,  however,  a  real  value  may  be  used 
for  ti  in  the  Dnal  formula  of  the  expected  delivery  delay.  Then 
n  may  be  interpreted  as  the  inverse  of  the  probability  that  two 
copies  are  transmitted  over  the  same  path.  It  is  also  clear  that 
the  extreme  case  of  the  fixed  routing  and  the  complete  alternate 
routing  correspond  to  n  =  1  and  n  =  oo  respectively. 

Immediately  after  the  arrival  of  a  packet  wc  transmit  a  copy 
of  it  over  some  path,  say  xfcl>.  Without  loss  of  generality  wc  can 
assume  that  the  packet  has  arrrived  at  time  zero.  Denote  the 
delay  incurred  by  this  copy  over  the  network  by  y^*0*  and  its 
reception  time  by  zq*"*.  Furthermore  denote  the  time  of  the  tlh 
retransmission  that  is  routed  over  path  x*  by  z|*'  and  the  delay 

of  that  copy  by  yj**  where  x  =  1 . oo.  Finally  let  zj**,  i  — 

l,...,co  denote  the  reception  time  of  the  t'th  copy  on  the  path 
x*.  From  the  description  of  the  model  we  know  that  if  j  >  t 

then  >  z[**,  k  =  l, . . . ,  n.  Let  the  m*lh  packet  on  the  path 
x*  be  the  first  packet  on  that  path  which  is  not  lost.  Then  if 
the  delivery  delay  of  the  packet  across  the  network  is  denoted 
by  T,  we  have, 
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where  L  denotes  the  probability  of  loss  of  a  packet.  If  wc  denote 

the  probability  density  function  of  the  z[k°*,  »  =  0,  ...,oo  by 
Px<‘«>(z)  then  Eq.  (2)  can  be  reduced  further  as  follows, 
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In  order  to  get  a  compact  formula  for  the  expected  delivery 
delay  wc  assume  that  the  time-outs  are  exponentially  distributed. 
In  the  sequel,  wc  compare  the  results  based  on  this  assumption 
to  the  exact  results.  Let  r  denote  the  (average)  time-out  period. 
Since  the  routing  or  the  packets  is  uniform,  the  transmission 
time  of  the  t'th  copy  on  path  ir*,  xj**,  lias  an  Erlang  distribution 

with  parameter  i  and  mean  r.  Lotting  /’( y)  denote  the  distribu¬ 
tion  of  the  cnd-lo-cnd  delays;  wc  get 
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Interchanging  the  order  of  the  summation  and  integration  we 
have, 
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If  we  do  a  similar  computation  for  the  terms  corresponding  to 
the  paths  other  than  wc  get 


We  shall  treat  the  term  corresponding  to  the  path  of  the  first 
copy  separately. 
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Combining  Eq.  (5)  and  Kq.  (7)  with  Eq.  (I)  wo  get 
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Note  that  the  kernel  or  P(t  —  i)  in  Eq.  (8)  is  the  probability 
density  function  of  a  random  variable  exponentially  distributed 
with  mean  nr/(l  —  L).  The  average  intcrarrival  time 

of  retransmitted  copies  that  are  not  lost  is  also  exponentially 
distributed  and  has  the  same  mean.  This  observation  suggests 
that  we  could  have  obtained  Eq.  (8)  more  directly  by  considering 
only  correctly-received  copies.  Nevertheless  \vc  have  chosen  the 
above  approach  because  it  is  independent  of  the  distribution  of 
the  time-outs.  In  the  sequel  using  a  fixed  time-out,  we  apply 
numerical  methods  to  this  approach  to  obtain  the  exact  results. 
We  then  use  these  exact  results  to  check  the  approximate  results 
based  on  the  exponentially-distributed  time-outs. 

We  know  that  the  average  delivery  delay,  T  can  be  found 
as  follows, 

T  —  jf  Pr  Jr  >  tj  dt  (9) 

For  general  n,  Eq.  (8)  may  be  used  in  Eq.  (9)  in  order  to 
find  T.  there  is  no  simple  compact  expression  for  this  general 
case  and  we  must  resort  to  numerical  evaluation  of  the  integral. 
However,  in  the  two  extreme  cases  of  fixed  routing  and  complete 
alternate  routing  we  can  make  some  further  reductions. 

For  fixed  routing  we  have  n  =  1  and 
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and  using  Eq.  (9) 
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For  alternate  routing  we  have  n  =  oo.  Note  that 
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Applying  Eq.  (11)  to  Eq.  (8)  and  combining  the  result  with  Eq. 
(9),  we  get 
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m.  Delivery  Delay  in  a  Network 
Here  we  use  the  results  of  the  previous  section  to  evaluate 
the  delivery  delay  in  a  network.  We  start  by  presenting  some 
numerical  results  in  a  network  where  the  end-to-end  delay  dis¬ 
tribution  is  not  a  function  of  the  load.  Based  on  some  ap¬ 
proximations,  we  can  express  the  average  delivery  delay  only  in 
terms  of  the  mean  and  coefficient  of  variation  of  the  one-way 
delay  in  addition  to  the  time-out  period  and  the  probability  of 
packet  loss.  As  expected  we  observe  that,  as  long  as  the  one-way 
delay  is  independent  of  the  load,  reducing  the  time-out  period 


always  decreases  Uic  average  delivery  delay.  However,  we  know 
that  a  shorter  timeout  period  results  in  a  larger  retransmis¬ 
sion  traffic  which  in  turn  should  increase  the  end-to-cud  delay. 
Therefore  to  account  for  this  effect,  we  next  assume  that  the 
mean  end-to-end  delay  is  given  as  a  function  of  the  total  load 
on  the  network.  Then  we  gel  a  more  realistic  behavior  of  the 
average  delivery  delay  versus  the  time-out  period.  It  is  observed 
that  the  average  delivery  delay  is  minimized  for  some  optimum 
time-out  period. 

In  the  derivation  of  the  average  delivery  delay  presented  in 
the  previous  section,  the  degree  of  bifurcation  of  traffic  was  ac¬ 
counted  for  by  the  parameter  n.  Here,  to  simplify  the  numerical 
compulations,  we  apply  that  formula  only  to  the  special  cases  of 
Gxed  routing  (n  =  1)  and  complete  alternate  routing  (n  =  oo). 
In  the  results  obtained  in  this  section  all  the  other  cases  arc  in 
the  range  between  these  two  extremes. 

For  the  case  of  the  fixed  routing  the  average  delivery  delay 
is  simply  expressed  in  terms  of  mean  one-way  delay,  time-out 
period  and  probability  of  packet  loss  by  Eq.  (10).  In  the  case  of 
the  complete  alternate  routing,  however,  the  relationship  is  more 
complicated  as  can  be  obeserved  from  Eq.  (12).  Although  the 
integrals  in  Eq.  (12)  complicate  the  numerical  analysis  they  also 
suggest  that  the  average  delivery  delay  T  is  not  very  sensitive 
to  the  exact  distribution  of  the  end-to-end  delay,  P(y).  We 
take  advantage  of  this  fact  and  approximate  /J(y)  in  such  a  way 
that  the  integrals  may  be  performed  explicitly  such  as  in  the 
following: 


p(y)  —  £  pM'j  -  y*) 
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Furthermore  to  simplify  the  notation  and  expressions  in 
the  sequel,  wc  find  it  advantageous  to  introduce  t/o  —  0,  and 
yjy+l  =  0  along  with  po  =  }>tii  i  =  0;  then  substituting  l’(y) 
as  given  by  Eq.  (13)  in  Eq.  (12)  and  performing  the  integrations 
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For  most  communication  systems,  analysis  can  only  provide 
the  mean  and  coefficient  of  variation  of  the  (one-way)  delay. 
Also,  results  based  on  measurements  or  computer  simulation  arc 
usually  more  accurate  for  the  first  few  moments  than  for  the 
complete  distribution  of  the  delay.  Therefore  wc  require  that 
the  approximate  distribution  given  by  Eq.  (13)  only  have  its  first 


<J 

two  moment.!  equal  to  those  of  the  true  distribution. 

Since  the  distribution  given  by  Kq.  (13)  offers  2 N  degrees 
of  freedom,  jV  =  2  shall  be  sufficcnt  for  an  approximation 
satisfying  the  requirements.  Therefore  if  we  denote  the  mean 
and 

coefficient  of  variation  of  rnd-to-cud  delay  by  D  and  Co 
respectively  the  parameters  of  the  approximate  distribution  must 
satisfy  the  following  conditions, 

+  Pa  =*  1  (15a) 

PiVi  +P2V2  **  D  (15&)  * 

Pi  If?  +  Pv» I  =  (l  +  ej))£>2  (ISc) 


In  the  following,  all  the  results  are  obtained  using  the  ap¬ 
proximate  one-way  delay  distribution  introduced  above.  Therefor 
we  only  need  the  mean  and  coefficient  of  variation  of  the  one-way 
delay  as  a  function  of  the  load.  To  simplify  the  numerical  com¬ 
putations  we  assume  that  the  coefficient  of  variation  is  constant 
with  respect  to  the  load.  This  is  a  partirulary  good  approxima¬ 
tion  when  the  traffic  stream  under  study  docs  not  constitute  a 
large  portion  of  the  total  traffic  on  its  path—  i.e.,  when  there  is 
a  large  degree  of  mixing. 

For  the  mean  delay  across  the  network,  we  use  a  one-pole 
function.  Let  r  deno'e  the  average  total  rate  of  packet  arrival 
from  the  traffics  stream  under  consideration.  Then  the  function 
expressing  the  mean  end-to-end  delay,  D  in  terms  of  r  is  specified 
by  three  parameters  a,  b,  and  c  as  follows: 


The  above  equations  have  many  solutions.  We  restrict  j/i  and 
y-i  to  be  geometric  inverses  with  respect  to  0  and  D: 


D(r)  =  a 
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The  above  condition  is  justified  by  the  accuracy 
results. 

Solving  Eq.  (15)  we  have. 

of  the  final 
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Now,  we  can  use  Eq.  (14)  in  conjunction  with  Eq.  (16)  to 
compute  the  average  delivery  delay  in  the  ease  of  complete  alter¬ 
nate  routing;  i.e.,  T  —  T[D,cd,  L,t).  The  dashed  line  in  Figure 
1  depicts  the  normalized  average  delivery  delay  as  a  function 
of  the  normalized  time-out  period  for  the  ease  of  complete  al¬ 
ternate  routing.  Doth  normalizations  arc  with  respect  to  the 
average  end-to-end  delay.  The  dotted  curve  is  exact  for  the  ease 
of  the  exponentially  distributed  one-way  delay.  It  is  otained  by 
numerical  methods  using  Eq.  (12).  The  solid  curve  corresponds 
to  the  case  of  the  fixed  routing. 


NORMALIZED  TIME-OUT  r/0 

FI*.  1  Average  delivery  delay  in  a  load-insensitive  network 


Here,  a  denotes  the  mean  delay  across  the  network  under  no  load 
front  the  commodity  under  consideration,  b  can  be  interpreted 
as  the  sensitivity  of  the  mean  delay  to  the  load.  Finally,  c  is  the 
capacity  as  seen  by  the  commodity. 

■  If  the  average  delay  that  the  ACK’s  undcigo  is  denoted  by 
T* ,  the  average  number  of  retransmissions  per  packet  will  be 
(T  +  T')/r.  Therefore  if  we  denote  the  rate  of  input  traffic  by 
X  the  average  delivery  delay  is  given  by  the  following  implicit 
equation  in  T 

r  =  r^(i  +  T±L)\'jtCDlL,T  (13) 

Eq.  (15)  may  be  solved  numerically  by  an  iterative  method 
for  T.  In  Figure  2  normalized  delivery  delay  has  been  shown 

versus  the  normalized  timeout.  Here  the  normalization  is  with 
respect  to  the  average  no  load  delay,  «.  We  have  shown  curves 
for  both  fixed  routing  and  alternate  routing  for  different  sen¬ 
sitivities.  Notice  the  sudden  jump  or  the  delivery  delay  when  the 
timeout  is  reduced.  For  all  the  eases  there  is  an  optimum  timeout 
which  minimizes  the  delivery  delay.  As  it  can  be  observed  both 
the  minimum  delivery  delay  and  the  optimum  timeout  increase 
at  the  same  time.  In  Figure  3  we  have  drawn  the  minimum  delay 
and  the  optimum  time  out  as  functions  of  tiic  utilization  factor, 

VO  -  ^ 

IV.  Internetting 

IV.l  Model  . 

Figure  4  depicts  an  internet  consisting  of  four  hosts  com¬ 
municating  across  two  networks.  The  networks  are  connerlcd  by 
three  gateways.  At  every  gateway  two  levels  of  the  communica¬ 
tion  protocol  arc  explicitly  shown.  The  first  level  is  that  of  (low 
control  which  among  other  things  insures  the  reliable  delivery 
of  the  packets  to  the  next  How  control  level  on  the  communica¬ 
tion  path.  This  level  was  discussed  and  analyzed  in  the  previous 
sections.  The  other  level  is  implemented  for  routing  the  packets 
among  the  netwoks. 

In  Figure  4  flow  control  exists  at  the  gateways  as  well  as  the 
end  hosts.  To  insure  reliable  delivery  it  is  sufficient  to  imple¬ 
ment  the  flow  control  only  at  the  end  hosts.  As  mentioned  in 
the  introduction,  we  call  the  former  ease  gateway-to-gateway 
flow  control  (GGFC)  and  the  latter  one  end-to-end  How  control 
(EEFC).  In  EEFC  and  GGFC  the  gateways  connect  two  net¬ 
works  at  datagram  level  and  Virtual-circuit  level,  respectively. 
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Fig.  2  Average  delivery  delay  when  one-way  delay  is 
D(r)  =  o(l  +  6(r/c)/(  1  -  r/c)\ 


Fig.  3  Minimum  average  delay  and  optimum  timeout  vs.  input 
load. 

In  the  following  we  present  a  numerical  comparison  between  the 
performance  of  these  flow  control  procedures. 

The  examples  we  consider  are  those  of  the  host  pairs  shown 
in  Figure  4.  The  arrowed  line  segments  indicate  the  connection 
between  the  hosts  and  gateways  over  the  networks.  Host  // f 
communicates  to  host  II $  over  networks  1  and  2  with  gateway 
G  i  completing  a  series  connection.  Gateways  Ga  and  Cj,  however, 
provide  a  parallel  interconnection  of  the  networks  for  communica¬ 
tion  between  hosts  Up  and  Up.  The  dotted  contours  between 
Hp  and  Gj,  and  G j  and  Up  arc  to  suggest  the  possible  exis¬ 
tence  of  intermediate  networks  with  negligible  end-to-end  delay 
and  probability  of  loss — c.g.,  there  may  be  a  fast  access  link,  or 
the  logical  gateway  may  reside  in  the  host. 

As  in  the  previous  section,  in  the  following  we  shall  optimise 
timeouts  and  possibly  the  routing  parameters  to  obtain  the  min¬ 
imum  average  delivery  delay.  Like  in  any  multi-user  system, 
there  are  two  types  of  optimisation  in  the  internet  under  study. 


M*.  SOURCE  HOST 
M°:OESTINATION  HOST 
G  :  GATE  WAY 
R  .ROUTING  PROTOCOL 
F  ;  PLOW- CONTROL  PROTOCOL 
CONNECT  ION 

Fig.  4  Example  of  a  network  interconnection. 

One  is  user  optimisation  in  which  the  control  parameters  of 
a  host  pairs  arc  optimized  to  achieve  the  minimum  delivery 
delay  for  that  pair.  The  other  is  system  optimization  which 
consists  of  optimizing  control  parameters  to  obtain  the  minimum 
of  some  system  cost  measure,  say  the  average  delivery  delay 
over  the  internet.  At  the  end  of  this  section,  where  we  discuss 
an  algorithm  for  routing  and  flow  control  in  an  internet,  we 
address  the  problem  of  system  optimization.  Here,  however, 
our  objective  is  solely  to  compare  the  EEFC  and  GGFC  in 
terms  of  their  performance.  Therefore  it  sulliccs  to  assume  the 
characteristic  of  the  networks  and  find  the  average  delivery  of 
the  host  pairs  separately. 

rV.2  Series  Interconnection 

In  Section  III  we  showed  how  the  average  delivery  delay  is 
computed  in  terms  of  the  arrival  rate  of  new  packet:;  into  the 
network  X  and  the  transmission  timeout  r.  As  in  that  section, 
we  assume  that  in  addition  to  the  probability  of  packet  loss 
Li,  i  =  1,2,  we  have  a  discrete  approximation  to  the  end-to- 
end  delay  p.d.f.  across  network  »,  t  =  1,2,  denoted  by  p,[t,  s). 
Let  us  denote  the  average  delivery  delay  over  network  t  and  its 
minimum  with  respect  to  the  timeout  by  T,  and  T,  respectively. 
Now  consider  the  connection  between  the  hosts  I!§  and  (1$  in 
Figure  4.  Under  EEFC,  G!  simply  routes  the  packets,  as  docs 
any  other  nodes  in  networks  1  and  2.  Therefore  Gt  and  networks 
1  and  2  may  be  replaced  by  a  single  equivalent  network  having 
the  end-to-end  delay  p.d.f., 

PS  ( t ,  X)  =  Pi  (t,  X)  *  p-i  (t,  X)  ( 19) 

and  probability  of  packet  loss 

Ls  —  1  —  (1  —  L|)(l  —  f/j)  (20) 

Here,  »  denotes  convolution  with  respect  to  t.  Since  both 
Pi((,  X)  and  py(t,  X)  consist  of  impulse*.  ps(t,  X)  will  too  only  con¬ 
sists  of  impulses.  Therefore  we  inay  use  the  techniques  piesented 
in  the  previous  sections  to  compute  the  average  delivery  delay 


wjross  the  equivalent  network,  T£;fc'(X,r).  As  in  the  ease  of  the 
•ingle  network  we  assume  that  the  ACK  delay  is  the  smallest 
possible  end-to-end  delay;  i.c.,  the  position  of  the  lowest  impulse 
under  no  load. 

When  CGFC  is  implemented  a  packet  is  transmitted  across 
network  I  every  f|  units  of  time  from  Ilf  to  Gt  until  an  ACK 
is  received  by  7/J.  Similarly  after  <7|  receives  a  correct  and 
unduplicated  copy  it  transmits  it  to  Ilf  every  r2  units  of  time 
until  it  receives  an  ACK.  Therefore  the  total  delivery  delay  T$° 
and  its  minimum  with  respect  to  the  timeouts  Tfc  will  be 

Tf0(X,r)  =  T1(X,r,)  +  rJ(X1r2)  (21) 

Tfc(X)=T,(X)+7i(X)  (22) 


In  Figure  5  we  have  plotted  Tf1 R  and  Tfc  versus  the 
utilization  factor.  Here,  utilization  factor  is  defined  as  the  ratio 
of  input  rate  X  over  the  minimum  of  the  effective  capacities  of 
networks  1  and  2.  In  this  figure  we  have  assumed  that  networks 
1  and  2  arc  identical  and  have  the  parameters  given  in  the  figure. 
As  it  can  be  observed  CGFC  results  in  a  lower  average  delay — 
EEFC  inefficiently  loads  network  1  with  the  packets  that  are  lost 
over  network  2  and  vice  versa.  The  difference  in  performance 
between  these  control  strategics  may  become  even  larger  if  some 
of  the  network  parameters  arc  greatly  different;  as  is  the  ease  in 
Figure  6  where  the  probabilities  of  loss  arc  different. 


UTILIZATION  FACTOR  X/mm (( 1  - L, ) c,.  ( I- LjKjI 

Fig.  6  Performance  of  EFA'C  and  GGFC  in  an  in Lernet  consist¬ 
ing  of  two  networks  connected  in  landuin,  with  different  prob¬ 
abilities  of  packet  loss. 
and  the  corresponding  probability  of  loss 

Lp  =  pL  i  +  pLi  (2d) 


UTILIZATION  FACTOR  X/min|(l-Li)c,.(l-L2)c2)| 

Fig.  5  Performance  ef  EEFC  and  GGFC  in  an  internet  con¬ 
sisting  of  two  identical  networks  in  tandem. 

IV. 3  Parallel  Interconnection 

Now  we  consider  the  performance  of  CGFC  and  EEFC  for 
the  hosts  Ilf,  and  Ilf,  in  Figure  4.  Here,  in  addition  to  the 
timeout  period  there  exists  another  control  parameter,  namely 
the  routing  parameter  p.  The  fractions  of  the  traffic  routed  over 
networks  t  and  2  arc  p  and  p  =  1  —  p  respectively. 

For  EhFC,  as  in  the  ease  of  the  series  interconnection,  we 
may  replace  C2,  Gj,  and  networks  1  and  2  by  an  equivalent  net¬ 
work.  The  p.d.f.  of  the  end-to-end  delay  across  this  equivalent 
network  will  be 


Then  we  proceed  to  compute  the  average  delivery  delay 
TpB  [\,t,  p)  as  before. 

We  shall  consider  two  routing  strategics.  One  is  propor¬ 
tional  routing  (PR)  in  which  the  traffic  routed  over  each  network 
is  proportional  to  its  effective  capacity: 

Tpft  (X,  t)  =  TpR  (X,  r,  ppr)  (25 a) 


where 


Ppr 


(I  ~  f‘ i) cj _ 

(1  —  /y|  )  C|  +  (1  —  Ef)  Ci 


(25  b) 


The  other  one  is  optimized  routing  (OR)  in  which  foe  given 
X  and  r  the  delivery  delay  is  minimized  over  p: 


1  oft  (r>  —  min  Tf,1 '  (X,  r,  p)  (20) 

p 

From  Eqs.  (25)  and  (26)  their  corresponding  timeout. optimized 
average  delivery  delays  arc  numerically  computed. 

Now  we  turn  our  attention  to  the  ease  of  CGFC  in  parallel 
interconnection.  As  shown  in  Figure  •!,  the  llow  control  levels 
for  transmitting  packets  over  different  networks  are  logically 
distinguishable—  if  the  initial  copy  of  a  packet  is  transmitted 
over  some  network  the  subsequent  copies  are  transmitted  over 
the  same  network.  Therefore,  the  average  delivery  delay  between 
the  hosts  will  be 


^(X.pJ^pTJpXJ  +  pTk^X) 


Depending  on  whether  routing  is  proportional  or  optimized  we 
have  respectively 

TCp°(\)=T%r’[\,prR) 


r£S(X)-  min  Tcr°(\.p) 

0 


Pp  (*.  *)  —  PP\  (f ,  />X)  +  pp-i  (l,  pX) 


(23)  and 


When  the  networks  are  connected  in  parallel,  we  may  use  PR 
anil  OR  os  well  as  EEFC  or  GGFC  which  results  in  four  cases: 
EErR,  EEOR,  CGPR,  and  GGOR.  When  all  the  parameters  of 
the  networks  other  than  the  capacities  are  equal,  the  average 
'delivery  in  all  these  four  cases  will  be  the  same  for  the  following 
reason.  The  conditions  under  which  minimum  delay  is  achieved 
are  proportional  routing  and  equal  timeouts  across  the  networks. 
It  is  clear  that  these  conditions,  which  are  achievable  in  all 
the  four  cases,  arc  necessary'  for  minimising  the  delay.  From 
Eq.  .(17)  we  observe  that  under  these  conditions  absolute  and 
marginal  end-to-end  delays  are  the  same  for  both  networks. 
Since  the  timeouts  and  probabilities  of  loss  are  also  the  same,  the 
marginal  average  delivery  delays  will  be  the  same.  The  equality 
of  the  marginal  average  delivery  delays,  however,  is  a  necessary 
condition  for  minimality  of  the  average  delivery  delay. 

Figure  7  gives  the  performance  when  one  of  the  networks 
has  a  larger  noload  end-to-end  delay  than  the  other  one.  In  the 
case  of  CGPR,  half  of  the  packets  arc  routed  over  the  network 
with  the  large  delay  and  since  all  the  subsequent  copies  of  the 
packets  arc  also  routed  over  the  same  network,  they  undergo  a 

large  delay  resulting  in  inferior  performance.  The  GGOR  is  not 
as  degraded  because  it  routes  a  larger  fraction  of  the  packets 
over  network  1.  In  the  case  or  EEFC  subsequent  packets  are  not 
necessarily  routed  over  the  network  with  large  delay  resulting  in 
a  better  performance.  Note  that  by  assumption  the  ACK  delays 
for  EEPR  and  EEOR  arc  equal  to  the  minimum  of  the  end-to- 
end  delays  across  networks  1  and  2  and  therefore  less  than  the 
ACK  delays  for  cither  GGPlt  or  GGOR.  This  difference  in  ACK 
delays  results  in  a  lower  average  delivery  delays  for  EEPR  and 
EEOR  at  high  utilisation  rates  than  those  of  GGPR  or  GGOR. 


UTILIZATION  FACTOR  X/min ( C 1  - L , J< t . ( 1  - La)ca! 

Fig.  7  Performance  of  EEFC  and  GGFC  in  an  internet  con- 
sating  of  two  networks  with  different  no-load  end-to-end  delays 
connected  in  parallel. 

Figure  8  shows  the  case  where  load  sensitivities  arc  different. 
As  can  be  expected  OR  results  in  a  better  performance  by  rout¬ 
ing  the  packets  over  the  net  with  the  lower  delay.  The  difference 
in  performance  where  the  coefficient  of  variations  were  different 
was  not  significant. 

In  Figure  9  we  show  the  performance  results  for  networks 
with  different  probabilities  of  loss.  The  results  are  similar  to 
those  of  scries  interconnection  and  for  the  same  reason,  under 
GGFC  the  timeouts  arc  made  longer  for  packets  routed  over  the 
network  with  larger  probability  of  loss,  but  under  EEI'C  the 


Fig.  8  Performance  of  EEFC  and  GCFC  in  an  internet  con¬ 
sisting  of  two  networks  with  dilfcrcnt  end- io-end  delay  load  sen¬ 
sitivities  connected  in  parallel. 

timeouts  arc  the  same  for  the  packets  transmitted  over  cither 
network.  Again  OR  results  in  a  somewhat  lower  delay  by  routing 
the  packets  over  the  network  with  smaller  probability  of  loss. 


Fig.  9  Performance  of  EEFC  and  GGl'C  in  an  internet 
consisting  of  two  networks  with  different  probabilities  of  packet 
loss  connected  in  parallel. 

IV.4  On  Routing  and  Flow  Control  in  Internets 

In  the  previous  sections,  wc  alluded  to  the  problem  of  sys¬ 
tem  optimization  regarding  routing  and  flow  control  in  internets. 
Here,  we  address  some  of  the  issues  involved  in  this  problem. 
First,  wc  shall  categorise  the  networks  comprising  an  internet 
into  two  classes.  One  class  consists  of  those  networks  in  which 
local  traffic  constitutes  the  main  portion  of  the  lota)  traffic,  flic 
second  class  of  networks,  on  the  other  hand,  includes  those  in 
which  a  significant  fraction  of  their  total  traffic  is  internet  traffic. 
To  be  able  to  make  the  routing  and  llow  control  in  an  internet 
amenable  to  the  analysis  techniques  developed  in  the  previous 
sections,  wc  assume  that  the  internet  consists  or  only  the  net¬ 
works  in  the  first  class.  In  view  of  the  fact  that  the  majority  of 
networks  carry  mainly  local  traffic  at  the  present,  this  assump¬ 
tion  is  not  very  restrictive. 


We  observed  the  advantages  in  performance  of  CGOR  in 
au  internet.  Consequently,  we  consider  here  only  those  rout¬ 
ing  and  flow  control  algorithms  that  implement  CGOR.  As  be¬ 
fore,  we  arc  only  concerned  with  that  part  of  the  flow  control 
protocol  which  insures  reliable  delivery  of  packets.  Golcstaani 
demonstrates  how  the  main  function  of  flow  control — i.c.,  regula¬ 
tion  of  the  input  traflics  at  the  source  for  purposes  of  congestion 
minimization— -can  be  incorporated  into  the  routing  algorithm. 
(9]  The  algorithm  which  we  discuss  consists  of  two  segments:  an 
inner  segment  which  optimizes  the  timeouts  to  achieve  the  min¬ 
imum  average  delivery  delay  across  every  network  in  the  inter¬ 
net;  an  outer  segment  which  optimizes  the  routing  parameters  at 
every  gateway  in  order  to  minimize  some  cost  function  defined 
on  the  average  delivery  delays  across  the  networks. 

Let  HG  denote  the  set  of  all  hosts  and  gateways  in  the  in¬ 
ternet.  Let  i,j  €  UG.  If  there  is  a  direct  connection  from  i  to 
/  across  some  network,  we  denote  it  by  c,y.  Let  C  be  the  set 
of  all  those  connections.  Let  r,y,  and  7].-  denote  the  traffic 
rate,  timeout,  and  average  delivery  delay  corresponding  to  c,y, 
respectively.  Let  and  rtJ-  denote  the  mean  end-to-end  delay 
and  total  load  on  cy  respectively.  The  inner  segment  of  the  al¬ 
gorithm  which  is  implemented  at  every  i,  Vj,  3  j  (E  II G  f\cij  € 
C,  numerically  optimizes  ry  to  achieve  the  minimum  average 
delivery  delay,  7y(Xy).  The  numerical  optimization  is  likely  to 
require  Ty(Xy)  and  Tij  (Xy)  at  every  iteration.  7y  (Xy)  and 

Ty  (Xy)  may  be  measured  from  the  delivery  delay  of  packets 

that  are  received  between  the  iterations.  Alternatively  Dy(ry) 
and  -A-Dij  (ry)  may  be  measured  and  Eq.  (18)  used  to  compute 

Ty(Xy)  and  jf-  7y  (Xy).  The  latter  method  clearly  results  in 
better  estimations  of  Ty  (Xy)  and  Tij  (Xy)  than  those  of  the 
former  method.  Given  that,  on  cy,  the  probability  of  packet  loss 
Lij  is  not  negligible,  only  a  fraction  of  the  copies  transmitted 
are  successfully  received  making  the  measurements  of  jD,y  (vy) 
and  3^-f)y  (ry)  more  reliable  than  Ty  (Xy)  and  wy  (Xy). 

Of  course,  if  D,j  (ry)  and  gf- /)y  (ry )  can  be  calculated  analyti¬ 
cally,  e.g.  using  a  queueing  model  of  the  network,  the  evaluation 
of  the  timeouts  may  be  performed  more  rapidly. 

If  the  cost  function  is  defined  properly,  the  outer  segment 
of  the  algorithm  which  optimizes  the  routing  parameters  at 
gateways  can  be  identical  to  the  algorithms  developed  for  op¬ 
timum  routing  of  traffic  in  a  single  network.  Since  most  of 
these  algorithms  are  based  on  convex  optimization  techniques, 
we  must  define  the  cost  function  in  such  a  way  that  it  is  a  convex 
function  in  the  Xy,  Vy.  As  shown  in  Figure  3,  Ty  (Xy)  for  low 
values  of  Xy  is  not  convex.  However,  we  may  doGne  the  function 

t y (Xy )  in  such  a  way  that  Ty(Xy)  is  convex  for  all  values  of 
Xy.  Then  the  total  cost  may  be  defined  as 

C=  £  fy(Xy) 
i,j9cij€C 

Now,  finding  the  optimum  routing  in  the  internet  environment  is 
equivalent  to  finding  the  optimum  routing  in  a  network.  The  set 
of  nodes  of  this  network  is  IIG.  For  every  connection  cy  in  the 
internet  we  have  a  link,  fy  from  node  i  to  j.  Now  if  we  interpret 
Xy  and  7y  (Xy)  as  the  rale  of  traffic  and  the  delay  function  on 
fy,  then  e  will  represent  the  total  delay  over  the  network. 

There  arc  several  quasi-static  routing  algorithms  that  can 
be  employed  as  the  outer  segment  of  the  routing  and  flow  control 
algorithm  in  internets,  [ft,  7,  8|  The  quasi-static  property  of  the 
algorithm  implies  that  the  variations  in  the  input  rates  to  the 


source  hosts  and  the  variations  in  the  characteristics  of  the  net¬ 
works  comprising  the  internet  must  be  slow  relative  to  the  updat¬ 
ing  frequency  of  the  routing  parameters.  Moreover,  we  require 
the  frequency  of  updating  the  inner  segment  be  much  larger  than 
that  of  the  outer  segment.  Otherwise,  since  7y(Xy,  ry)  is  not 
necessarily  convex,  neither  of  the  segments  may  converge. 

Conclusion 

A  new  technique  for  computing  the  delivery  delay  in  a  net¬ 
work  was  presented.  The  main  assumption  in  the  underlying 
model  was  that  the  timeouts  arc  random  and  exponentially  dis¬ 
tributed.  It  was  shown  that  the  results  based  on  this  assump¬ 
tion  are  close  to  the  exact  values.  Then  the  average  delivery 
delay  across  the  network  was  computed  in  terms  of  mean  and 
coefficient  of  variation  of  end-to-end  delay.  Using  this  technique, 
we  evaluated  the  performance  of  end-to-end  and  gateway- to- 
gateway  flow  controls  in  an  internet.  We  observed  that  when  the 
networks  arc  in  tandem,  GGFC  offers  better  performance  than 
that  of  EEFC.  However,  when  there  is  a  high  degree  of  trallic 
bifuraction  between  the  neLworks,  only  under  adaptive  routing 
GGFC  results  in  a  lower  average  delivery  delay  than  that  of 
EEFC.  When  GGFC  is  employed,  the  optimum  timeouts  may  be 
computed  at  gateways  and  hosts  using  numerical  methods.  Then 
any  routing  algorithm  which  minimizes  the  average  delay  in  a 
network  can  be  used  to  minimize  a  cost  function  of  the  average 
delivery  delays  across  the  internet.  When  developing  the  routing 
and  than  control  algorithm,  we  only  considered  those  internets 
which  consists  of  networks  carrying  mainly  local  traffic.  To  de¬ 
velop  an  algorithm  for  routing  and  flow  control  in  the  general 
ease  requires  further  research.  It  seems  that  techniques  b:iscd  on 
control  theory  are  most  promising  in  devising  such  an  algorithm. 
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